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(57) ABSTRACT 

A method and system are provided for the transmission and 
reception of an In-band On-channel (IBOC) FM-band digital 
audio broadcast (DAB) signal. The IBOC DAB signal is 
generated in the transmitter to substantially occupy the 
upper and lower sideband frequency regions in the RF 
emission mask for the conventional broadcast analog FM- 
band. Redundant source bit information is transmitted in 
both the upper and lower sidebands so that the loss of 
information in either one but not both sidebands due to large 
amounts of interference or distortion, caused by, for 
example, first-adjacent interference, does not deleteriously 
affect the IBOC DAB receiver performance. The system 
exhibits both frequency-diversity and time-diversity. The 
receiver determines which codeword bit estimate, corre- 
sponding to either upper or lower sideband signals, is less 
likely to be erroneous. The receiver system selects between 
decoded estimates for each pair of demodulated ECC code- 
words or combines both ECC codeword estimates prior to 
decoding in certain embodiments. 
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IN-BAND ON-CHANNEL DIGITAL 
BROADCASTING METHOD AND SYSTEM 

[0001] This invention relates to a method of communica- 
tion and a transmitter and receiver system for the terrestrial 
radio-frequency (RF) broadcast and reception of digital data, 
preferably including stereo high-fidelity music, to accom- 
plish the goal of digital audio broadcast (DAB). The digital 
signal generated by the DAB transmitter exists together with 
the conventional analog frequency-modulation (FM) signal 
in the commercial broadcast FM-band (87.9 MHZ to 107.9 
MHZ in the United States) and is typically emitted from the 
same antenna system. The analog FM signal and the digital 
signal are unrelated and are received independently. The 
digital signal is generated to occupy the upper and lower 
sideband frequency regions which surround the analog FM 
signal. The spectrum of the digital signal is substantially 
contained within the predetermined RF emission mask. 
Redundant data is transmitted in both sidebands simulta- 
neously or with diversity delay so that the loss (i.e. unreli- 
able determination) of the source information in only one of 
the two sidebands due to multipath or adjacent station 
interference does not substantially disrupt continuous recep- 
tion of the digital signal. 

CLAIM TO COPYRIGHT IN REFERENCE TO 
MICROFICHE APPENDIX 

[0002] A portion of the disclosure of this patent applica- 
tion contains material which is subject to copyright protec- 
tion. The copyright owner has no objection to the reproduc- 
tion by anyone of the patent document as it appears in the 
Patent and Trademark Office files or records, but otherwise 
reserves all copyrights whatsoever. Software for carrying 
out some of the methods and systems described herein has 
been filed with the United States Patent and Trademark 
Office herewith in the form of a microfiche appendix includ- 
ing numerous frames, one of which being a title frame. This 
software may be included as part of a chip or disc according 
to certain embodiments of this invention. The microfiche 
appendix is entitled IN-BAND ON-CHANNEL DIGITAL 
BROADCASTING METHOD AND SYSTEM and includes 
two (2) microfiche and one hundred six (106) frames. 

BACKGROUND OF THE INVENTION 

[0003] The goal of digital audio broadcast (DAB) is to 
provide a robust method and system for the simplex trans- 
mission and reception of high-quality audio (music and/or 
speech) and ancillary digital data by radio-frequency (RF) 
signals. The RF signals are generated in a transmitter 
system, emitted for free-space atmosphere propagation, and 
received by one or a plurality of receiver systems, which 
may be mobile. The transmitter may be space-borne or 
terrestrially located or a combination thereof (i.e. space- 
borne with terrestrial re -broadcasting). In general, terrestrial 
transmission is required for adequate mobile receiver per- 
formance in areas with dense natural and/or man-made 
structures because satellite reception typically requires line- 
of-sight (LOS) propagation due to large propagation path 
signal loss. 

[0004] The RF signal for DAB represents digital (bit) 
information which is encoded in the signal generated in the 
transmitter system by a modulation method. Unlike conven- 
tional analog FM modulation, the information represented 



by the digital signal (e.g. digitized speech, music, and/or 
data) is typically unrelated to the characteristics of the 
transmitted RF signal. A primary goal of DAB is to even- 
tually supplant the existing commercial analog radio broad- 
cast network (i.e, AM -band and FM -bands). Since the pri- 
mary function of the existing AM-band and FM-band is to 
provide audio services in the form of music and/or speech, 
it is presumed that a significant fraction of the encoded 
digital data represents one or a plurality of digital audio 
signals. 

[0005] In many circumstances, the quality of the digital 
audio signal recovered in the DAB RF signal receiver is 
expected to be improved when compared to the audio signal 
recovered from the conventional analog frequency-modu- 
lated (FM) signal. Typically, the digital audio signal has i) a 
higher signal-to-noise (SNR) ratio, ii) a wider (i.e. larger) 
audio bandwidth, and iii) improved stereo separation (i.e. 
spatial fidelity) when compared to conventional FM-band 
reception. For example, conventional analog FM-band 
broadcast signals have a recovered audio bandwidth of about 
15 kHz. While 15 kHz audio bandwidth is substantially 
greater the audio bandwidth received for commercial AM- 
band radio broadcast (i.e. 535 kHz- 1705 kHz), which is 
typically less than 10 kHz, 15 kHz is less than the bandwidth 
of pre-recorded music on the compact-disc (CD) format, 
which is about 20 kHz. 

[0006] The improved audio bandwidth advantage of DAB 
when compared to conventional analog FM-band reception 
is generally desirable. However, the most significant advan- 
tage of DAB is the greater immunity, determined at the 
receiver, of the DAB signal when compared to the analog 
FM-band signal to various forms of distortion and interfer- 
ence. The presence of distortion and interference in the 
recovery of the analog FM-band signal may cause various 
undesirable artifacts in the audio signal determined at the 
receiver, for example, static noise, hiss and hum, and clicks. 
In certain circumstances, the quality of the recovered signal 
is limited by the effects of background noise. Background 
noise may be generated by galactic, atmospheric, thermal, 
and man-made sources (e.g. ignition-noise), for example. 
Background noise is typically distinguished from distortion 
which is i) related to the propagation characteristics of the 
RF signal, for example, multipath, and ii) interference 
caused by other RF broadcast sources. Background noise is 
particularly noticeable in the recovered analog FM-band 
signal when there are pauses or quiet passages in the audio 
program. In general, the process of analog FM modulation 
typically improves the robustness of the recovered signal 
when compared to other analog modulation methods (e.g. 
amplitude modulation as used in the AM broadcast band) by 
causing "processing gain" by increasing the occupied band- 
width of the signal. However, the benefits of the analog FM 
processing gain are substantially eliminated when the source 
audio signal is silent or quiet. 

[0007] Reception of the FM-band signal may be signifi- 
cantly disturbed by the effect of multipath propagation. The 
deleterious effects of multipath are a result of the relatively 
high RF carrier frequencies, which are characteristic of the 
FM-band frequency range, and the use of omnidirectional 
receiving antennas, especially for radio receivers in vehicles. 
Multipath propagation results from the presence of specular 
and/or diffuse reflectors in or about the propagation path 
between the transmitter and the receiver. As a result, mul- 
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tiple signals with varying delay, phase, amplitude, and 
frequency are received, these signals corresponding to dif- 
ferent propagation paths. In general, the deleterious effects 
of multipath are: i) attenuation of the received RF signal due 
to destructive coherent interference between paths, ii) dis- 
persion in the received RF signal due to the frequency 
selective characteristic of multipath, and iii) intersymbol 
interference between adjacent signal baud intervals. Multi- 
path is typically mathematically modeled as a deterministic 
linear sum or stochastic function of the transmitted signal 
and reflections, with background noise modeled indepen- 
dently in the summation. 

[0008] In addition to background noise and multipath, 
interference in the received signal may be caused by the 
presence of other RF signal sources with similar frequen- 
cies, including other FM-band transmitters. In circum- 
stances when there are many transmitters, for example, in 
large urban areas, inter-station interference due to other 
transmitters operating at the same or similar RF frequencies 
may the primary cause of signal degradation, except for 
weak-signal conditions at substantial distances from the 
transmitter or unusual reception circumstances (e.g. signal 
shielding in a tunnel). 

[0009] Because broadcast transmitters may emit high- 
power RF signals, their operation is often dictated by rules 
and regulations enacted by governmental agencies. 
Although the rules are intended to prevent interference 
between stations, there may be exceptions granted to the 
adherence to the rules. Furthermore, the presence of noise 
and multipath may cause reception conditions which are 
substantially degraded when compared to the nominal con- 
ditions which were presumed to exist according to the rules. 
In the United States, the rules and regulations governing 
FM-band broadcast are determined by the Federal Commu- 
nications Communication (FCC). 

[0010] The general goals of a DAB system are indepen- 
dent of the specific implementation of the DAB system. The 
purpose of DAB is to provide a simplex communication 
system which conveys digital audio and ancillary data in the 
form of RF signals from one or a plurality of transmitters to 
one or a plurality of receivers. It is desirable that the 
determination (i.e. demodulation and decoding) of the trans- 
mitted DAB signal at the receiver is less degraded by the 
effects of noise, multipath, and interference when compared 
to the reception of conventional FM-band broadcast signals 
for DAB and FM signals with equivalent coverage. The 
quality of the recovered digital audio signal represented by 
the DAB RF signal is, when unimpaired, similar to that of 
pre-recorded CD material (i.e. near CD-quality). However, 
the direct digital transmission of data in the CD format is 
inefficient because of the high data rate that is required for 
the CD representation, which is greater than one million bits 
per second for stereo signals. In. a DAB system, the audio 
(i.e. speech and/or music) is subjected to source compres- 
sion, which reduces the required data throughput substan- 
tially. Source compression accomplishes a reduction in the 
required bit rate for audio by exploiting characteristics of the 
human hearing process in order to remove audio information 
which is at or below a threshold of perception and whose 
absence will not, in general, be noticed by the listener. 

[0011] In a conventional DAB system, the data represent- 
ing the compressed audio signal is combined with ancillary 



data and then error-correction encoded, modulated, and 
emitted as an RF signal at the DAB transmitter. In the 
corresponding conventional DAB receiver system, the 
received RF signal is demodulated, error correction 
decoded, and the effect of the source-compression is 
reversed to generate a conventional digital audio signal, for 
example, in the form of a pulse-code modulation signal. The 
design and implementation of an audio compression and 
decompression algorithm, known as an audio "codec", is a 
complex process, but several methods which are suitable for 
DAB are known. For high-quality stereo digital, audio, 
exemplary algorithms are ISO MPEG-2 layers II and III, 
MPEG-2 NBC (non-backward compatible), proposals for 
MPEG-4 audio, Dolby AC-3 [reference: K. Brandenburg 
and M. Bosi, "Overview of MPEG-audio: current and future 
standards for low bit-rate audio coding," 99 th AES Conven- 
tion, New York, preprint, 4130 Fl, October 6-9, pp. 1-26, 
1995], and AT&T PAC [reference: N. S. Jayant and E. Y. 
Chen, "Audio compression: technology and applications," 
AT&T Technical Journal, pp. 23-34, March/April 1995]. For 
these codecs, the bit rates for high-fidelity audio are between 
about 128 kbit/sec and 256 kbit/sec for a stereo signal. 

[0012] The improvement in received audio quality over 
conventional FM-band reception brought about by the 
implementation of a DAB system alone may be insufficient 
to justify the costs associated with widespread conversion 
from conventional analog. FM-band modulation to a DAB 
system. Therefore, an important characteristic of DAB sys- 
tems is the ancillary data capability, which is, in general, 
unrelated to the digital audio signal. The ancillary data 
permits broadcasters to increase the range of services which 
are provided, beyond audio services. Currently, analog FM- 
band stations may transmit limited associated data services 
through analog FM subcarrier signals. The subcarrier signals 
are known as "SCA" signals because of their authorization 
by the Subsidiary Communication Authorization granted by 
the FCC. SCA signals are combined with the conventional 
FM audio signal matrix at baseband so that, unlike DAB, the 
SCA signal is a component of the transmitted FM signal. A 
disadvantage of SCA signals is that their bit rate throughput 
is relatively low, typically less than 30 kbit/sec. Further- 
more, the SCA signal is susceptible to the effects of inter- 
ference and distortion in the same manner that analog 
FM-band audio reception is degraded because demodulation 
of the SCAsignal typically requires conventional analog FM 
demodulation as the first step in recovering the SCAsignal. 
For a specific frequency deviation, the robustness brought 
about by the use of FM modulation diminishes as the 
baseband modulating frequency is increased. The baseband 
frequency of the SCA signals is typically somewhat less than 
the one-sided occupied bandwidth of the analog FM signal 
(e.g. SCA signals with baseband frequency offsets of 76 kHz 
or 92 kHz), so that the FM processing gain for the embedded 
SCA signal is relatively small. 

[0013] For DAB, preferable characteristics of the ancillary 
data associated with the digital audio signal are that the 
recovered ancillary data signal is i) of reasonable bit rate 
throughput, for example, at least 64 kbit/sec, and is ii) at 
least as robust to the effects of interference and distortion as 
the remainder of the digital data (i.e. the digital audio signal) 
in the DAB signal. While audio compression algorithms 
may operate correctly with decoded bit error rates as high as 
1x10'* because transient errors may not be detected by the 
human hearing process, ancillary data may require a much 
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lower decoded bit error rate, typically less than lxlO" 7 . The 
range of services which may be implemented with the DAB 
ancillary data include, but are not limited to: traffic, weather, 
road conditions, and emergency information; subscriber 
services such as paging and specialized newscasts (e.g. stock 
quotes); low-bit rate video and still pictures; electronic-mail 
and Internet broadcast; navigation; and duplex communica- 
tion and electronic commerce with a return data-channel 
accomplished, for example, by cellular telephony. 

[0014] A fundamental way to characterize a DAB system 
is by the method which is used to generate the RF signal at 
the transmitter and to determine the RF signal at the receiver. 
There are different RF modulation and demodulation meth- 
ods which may be used to implement a DAB system. One 
characteristic in distinguishing between methods is whether 
or not the proposed DAB system implementation requires a 
new frequency allocation other than the existing AM and 
FM broadcast bands. The high-power RF signal emissions 
for DAB will typically be regulated by government agencies 
in order to mitigate RF interference. Control of the fre- 
quency allocation through specific channel frequency 
assignments and RF emission limits (i.e. average power or 
power spectrum density) prevents interference from other 
RF signal sources into the desired DAB signal and vice 
versa. Since DAB receivers are expected to be a large-scale 
consumer electronics application, standardized frequency 
allocations are also to be considered in order to develop 
economically viable receiver systems. 

[0015] A DAB system which requires a new frequency 
allocation, specifically for DAB, and which is not compat- 
ible with the existing AM and/or FM bands, is known as a 
"new-band" system. Trje Eureka-147 system [reference: G. 
Plenge, "DAB — a new sound broadcasting system. Status of 
the development — routes to its introduction," (translated) 
EBU Review — Technical, No. 246, pp. 87-112, April 1991] 
which is being proposed by various European agencies, 
broadcasters, and manufacturers, is an example of a new- 
band system. The minimum bandwidth for the Eureka-147 
system is about 1.536 MHZ. It is not compatible with the 
existing FM-band broadcast radio frequency allocation, 
which is discussed subsequently. There are different propos- 
als for the operating RF frequency range of the Eureka-147 
system, including L-band (1.47 Gigahertz), and portions of 
the VHF band which are not presently occupied or occupied 
by a small number of existing television stations. 

[0016] The Eureka-147 system is further distinguished 
from conventional FM-band broadcast systems by being a 
"single -frequency" network or SFN in its preferred embodi- 
ment. In a SFN, a wideband RF digital signal is transmitted 
which represents information for a plurality of stations; in 
other words, a multiplex of stations. According to the 
Eureka-147 system description, various transmitters are 
established which re-generate the same signal. A SFN imple- 
mentation is fundamentally different from the conventional 
FM-band network, where stations operate independently. 
The coverage of a SFN network may extend for a distance 
which is substantially larger than the coverage of an indi- 
vidual station in a non-SFN network. A new-band SFN DAB 
system may be desirable in countries or geographic regions 
which lack an established radio broadcast infrastructure 
because it allows for centralization of the broadcast industry. 
However, such a system may have distinct disadvantages in 
countries, for example, the United States, where the majority 



of radio broadcasters are not affiliated with the government 
and where the stations or networks of stations operate 
independently and competitively. 

[0017] Another disadvantage of an SFN is that it requires 
the allocation of significant amounts of RF bandwidth at 
frequencies suitable for broadcast. In the United States, for 
example, there is a lack of available (unused) spectrum in 
the frequency ranges most desirable for terrestrial DAB, 
which is the VHF region (30 MHZ to 300 MHZ). Operation 
at higher frequencies requires additional transmission sites 
and/or higher transmitter power because of increased propa- 
gation path attenuation of the RF signal. A SFN involves the 
construction of a new broadcast infrastructure of transmit- 
ters and transmitter antenna systems. This is another disad- 
/ vantage to the implementation of Eureka-147 in the United 
States, for example, where there is a substantial pre-existing 
infrastructure of transmitter sites. Thus, other methods for 
accomplishing the goals of DAB may be desirable, which do 
not require a new frequency allocation and which are able to 
make use of the existing infrastructure. 

[0018] In the United States, the analog broadcast FM-band 
is the frequency region between 88.9 MHZ and 107.9 MHZ, 
inclusive. The region is subdivided into a plurality of 
one-hundred and one (101) channels (known as channels 
200 to 300, inclusive) with a 200 kHz frequency spacing 
between adjacent channels. A radio station emits a RF 
signal, which is modulated with analog frequency-modula- 
tion (FM) with certain limitations on the permitted fre- 
quency deviation, and which is nominally centered (i.e. 
without modulation) about the allocation frequency (e.g. 
90.9 MHZ which is channel 210). The RF signal emissions 
are required to comply with an emissions "mask". The mask 
is a power spectrum density envelope. The maximum emit- 
ted power varies as a function of the frequency offset from 
the nominal allocation center frequency. In other words, the 
emission mask determines the maximum power which may 
be emitted at a specific frequency (emission), for each 
frequency within the channel allocation. The signal emitted 
by the analog FM-band transmitter typically does not sub- 
stantially exceed the mask frequency-envelope. The mask 
characteristics are determined by the FCC in the United 
States. 

[0019] Prior art FIG. 1 is a graphic representation of the 
RF emission mask for analog FM-band radio broadcast, 
according to the FCC Rules and Regulations, Part 73.317. 
The limit on RF emissions is shown on a graph whose 
abscissa values are the frequency of the emission and whose 
ordinate values are the minimum required decibel attenua- 
tion, relative to a known power reference. The FM-band 
station center frequency is indicated by vertical line 1. The 
power spectrum density associated with the emission mask, 
as a function of frequency, is the irregular shape indicated by 
bold line 3. The emission mask limits given by 3 are divided 
into various regions. Frequency, range 5 spans a two-sided 
bandwidth of 240 kHz about center-frequency 1. Analog 
FM-band signal 7 is substantially confined to frequency 
range 5 and hence a FM-band signal is known to have a 
"occupied bandwidth" of approximately 240 kHz. The FCC 
mask limits RF emissions (i.e. discrete components of the 
transmitted RF signal) in frequency region 5 to a power level 
no larger than zero (0) decibels, referenced to the transmit- 
ter's licensed emitted power. In other words, an emission in 
region 5 may be as large as the licensed power. The actual 
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emitted RF power is a function of the transmitter power and 
the characteristics of the antenna and coupling system. 

[0020] Frequency region 9 begins at a 120 kHz offset from 
either side of center frequency 1 and continues to an offset 
of 120 kHz. The total width of region 9 is 240 kHz. Region 
9 and region 5 are disjoint and adjacent. In region 9, the 
emitted RF signal is required to be attenuated by at least 
twenty-five (25) decibels relative to the licensed power. 
There are further frequency regions which extend beyond 
region 9 in the definition of the emission mask according to 
FCC Rules and Regulations 73.317, but the maximum 
emission power limit is very small, attenuated by substan- 
tially more than 25 decibels. A RF DAB signal whose 
spectrum is confined within the very low power regions 
(«-25 dBc) would not have a wide geographic broadcast 
coverage. The additional regions are specified so that an 
operating FM-band station is required to have sufficient 
bandpass filtering at the transmitter to remove the high-order 
sidebands generated by nonlinear FM modulation, which 
might otherwise spill-over into the frequency region occu- 
pied by an adjacent analog FM-band station. 

[0021] Analog FM-band signal 7 typically does not 
occupy all of the available spectrum provided by emission 
mask 3 in regions 5 and 9 together. Thus, an additional 
signal may be generated in this region, which is possibly 
independent of the analog FM-band signal. For example, the 
generated signal may be a digital communication signal for 
DAB. The occupied bandwidth of analog FM-band signal 7 
is about 240 kHz, extending 120 kHz from the center 
frequency. Thus, the DAB signal may be generated to 
approximately surround the analog FM-band signal in the 
remaining unoccupied portions (11 and 13) of regions 5 and 
9. These regions are known as the "upper sideband" and 
"lower sideband". 

[0022] Upper sideband 11 is the frequency region between 
about 100 kHz and 200 kHz higher than center frequency 1. 
Lower sideband 13 is the frequency region between about 
100 kHz and 200 kHz lower than center frequency 1. The 
frequencies of the edges of the upper and lower sidebands 
are approximate because the actual occupied bandwidth of 
the analog FM-band signal varies as the FM baseband signal 
changes and varies according to whether SCA transmissions 
are also present, which may differ from station to station. A 
DAB signal which is generated in upper sideband 11 and/or 
lower sideband 13 and which is restricted in power to 
substantially comply with RF emission mask 3 is known as 
an "In-band On-channel" (I B0C ) DAB signal [reference: N. 
S. Jayant, et. al., ibid.]. "In-band" refers to generation of the 
DAB signal in the conventional FM-band of frequencies, 
and "On-channel" refers the co-existence of the conven- 
tional analog FM-band signal and the DAB signal within the 
conventional FM-band FCC emission mask, and not neces- 
sarily the 200 kHz allocation increment. 

[0023] The FCC RF emission mask specifies limits on 
discrete emissions; in other words, the mask specifies the 
maximum "power spectrum density" (PSD) envelope as a 
function of frequency. In general, it is difficult to determine 
compliance with a discrete emission mask limit over an 
arbitrarily narrow bandwidth, since in certain circumstances, 
the amount of apparent power may decrease as the mea- 
surement bandwidth is made more narrow. To measure an 
emission for PSD compliance, it is generally necessary to 



specify the bandwidth in which the emission is measured 
(i.e. the "resolution" bandwidth). Unfortunately, this char- 
acteristic is ambiguous in the existing analog FM-band 
emission mask definition. The ambiguity is not problematic 
for the measurement of conventional analog FM-band emis- 
sions because the decibel ratio measured between the power 
of the discrete emission relative to the total power is 
approximately independent of the resolution bandwidth. 
However, the IBOC DAB signal which may be generated in 
sidebands 11 and 13 is unrelated to the analog FM-band 
signal and is typically not generated with conventional 
analog frequency modulation. As a result, the PSD ratio 
measured between the IBOC DAB signal power and the 
analog FM-band signal power depends upon the resolution 
bandwidth. As a result, IBOC DAB systems may generate a 
digital signal which generally follows RF emission mask 3, 
but which may not precisely comply with the emissions 
limit, depending upon how the emissions are measured. 

[0024] The purpose of the RF emission mask is to ensure 
that the transmitted analog FM-band signal is confined in 
both signal bandwidth and signal power so that the presence 
of nearby FM-band transmitters with similar frequencies 
will not cause excessive inter-station interference. For IBOC 
DAB, though, there are other considerations which may 
constrain the practical IBOC DAB signal bandwidth more 
severely than the analog FM-band RF emission mask. For 
example, the second-adjacent channel interference circum- 
stance, discussed subsequently, limits the maximum fre- 
quency offset of the outer edges of the IBOC DAB signal in 
sidebands 11 and 13 relative to center frequency 1. Similarly, 
the maximum power level of the IBOC DAB signal in 
sidebands 11 and 13 is limited by the amount of noise that 
can be tolerated in the reception of the conventional analog 
FM-band signal. The presence of the DAB signal typically 
causes an increase in the noise level determined in the 
FM-band receiver because of the close proximity of side- 
bands 11 and 13 to analog FM-band signal 7. The amount of 
noise is primarily determined by the intermediate frequency 
(IF) bandwidth of the bandpass filter implemented in the 
analog FM-band receiver. 

[0025] The primary advantages of IBOC DAB when com- 
pared to a new-band DAB system, such as Eureka-147, is 
that an IBOC DAB system i) does not require a new 
frequency allocation, ii) makes use of the existing indepen- 
dent broadcast infrastructure, and iii) facilitates a gradual 
migration from conventional analog FM-band broadcast 
towards an all digital broadcast radio system. In prior art 
FIG. 1, upper 11 and lower 13 sidebands do not significantly 
overlap with the frequency range occupied by analog FM- 
band signal 7. The sidebands are a desirable frequency range 
for the IBOC DAB signal. When the IBOC DAB signal and 
analog FM-band signal overlap significantly, then the pres- 
ence of the IBOC DAB signal may cause significant 
amounts of noise in the reception of the analog FM-band 
signal and vice versa. For example, the presence of the 
IBOC DAB signal may be noticeable in the recovered 
analog FM-band signal as an increase in the level of back- 
ground noise. On the other hand, the amount of power in 
analog FM-band signal 7 is typically substantially larger 
than the total IBOC DAB signal RMS power, by between 12 
and 30 decibels, for example. Then, even when there is 
relatively little frequency overlap, the disparity in analog 
FM and IBOC DAB signal power may cause failure of the 
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IBOC DAB signal receiver because of the large amounts of 
interference caused by the analog FM-band signal. 

[0026] In the IBOC DAB method and system described by 
Hunsinger, et. al., in U.S. Pat. No. 5,465,396, the IBOC 
DAB signal bandwidth substantially overlaps that of the 
analog FM-band signal. The IBOC DAB signal is generated 
so that it is phase-orthogonal (quadrature) with respect to the 
instantaneous carrier frequency of the analog FM-band 
signal at the transmitter. In order to be orthogonal to the 
phase-modulated signal, the DAB signal is generated by 
amplitude modulation of the FM signal (AM, but unrelated 
to AM-band broadcast radio), and hence the term "AM- 
over-FM" modulation in the '396 patent. Phase-orthogonal 
signals may overlap in frequency and yet not cause inter- 
ference with one another in the respective signal receivers 
under certain circumstances. However, phase-orthogonal 
signals are typically very sensitive to the effects of multipatb 
and frequency-selective distortion. In multipath, the phases 
of the echo signals are typically unrelated to the phase of the 
line-of-sight signal, so that the echo signals and the LOS 
signal are not phase -orthogonal Similarly, in frequency 
selective distortion, the signal phase-derivative varies as a 
function of frequency at the receiver so that phase -orthogo- 
nality may not be maintained for certain frequency compo- 
nents of the transmitted signal. As a result, IBOC DAB 
systems such as that described in the '396 patent, which rely 
substantially on phase -orthogonality in order to prevent 
interference between the IBOC DAB signal and the analog 
FM-band signal, may not perform well in mobile reception 
environments, where multipath is present. The '396 system 
is sensitive to even small amounts of distortion in the 
phase-orthogonality property between the IBOC DAB sig- 
nal and the analog FM-band signal because of the power 
disparity between the signals. 

[0027] In general, it is preferable for the IBOC DAB 
signal to be situated away from those portions of the analog 
FM-band signal with the most power, which are located near 
center frequency 1 of the allocation, which is why it is 
desirable to generate the IBOC DAB signal in sidebands U 
and/or 13, which surround the analog FM-band signal but 
which are also approximately frequency-orthogonal Fre- 
quency-orthogonal signals are typically disturbed signifi- 
cantly less than phase-orthogonal signals by the analog 
FM-band signal because the analog FM-band signal may be 
substantially eliminated by bandpass filtering. Even when 
there is some amount of separation in the frequency regions 
nominally occupied by the analog FM-band signal and the 
IBOC DAB signal, the nonlinear characteristic of analog 
FM modulation may cause short-duration (i.e. transient) 
interference as the high-order Bessel function harmonics 
associated with the analog FM signal may occupy portions 
of sideband regions U and 13 temporarily, especially when 
the analog FM-band signal is heavily modulated. 

[0028] The potential for mutual interference between the 
analog FM-band signal and the IBOC DAB signal limits 
how close the inner band -edges of the IBOC DAB signal in 
sidebands 11 and 13 may be situated to the analog FM-band 
signal when the signals are unrelated in phase (i.e. not 
quadrature). Typically, the closest practical inner-band edge, 
in other words, the edge which is closest to analog FM-band 
signal 7, for both upper sideband 11 and lower sideband 13 
of the DAB signal is between about 80 kHz and about 120 
kHz away from analog FM-band center frequency 1. The RF 



emission mask 3 constraint on the outer band-edges, which 
are the edges furthest away from center frequency 1, is about 
240 kHz for both sidebands. However, the potential for 
inter-station interference, particularly in urban areas where 
there are many analog FM-band transmitters, results in a 
more restrictive constraint (i.e. less bandwidth) on the 
sideband outer band-edges. The possible second-adjacent 
allocation interference condition, described subsequently, 
requires that the outer edge of the IBOC DAB signal in 
sidebands 11 and 13 be no more than about 180 kHz to 220 
kHz away from center frequency 1 so that the total band- 
width occupied by the analog FM-band signal and IBOC 
DAB signal together is no more than about 400 kHz. 

[0029] In order to understand the effect of inter-station 
interference on an IBOC DAB system, it is relevant to first 
consider the circumstance with conventional analog FM- 
band broadcasting and then determine the relationship 
between the analog FM-band and IBOC DAB interference 
parameters. The reception of the signal for analog FM-band 
broadcast radio stations is degraded by interference from 
other FM-band stations, whether or not there is a simulta- 
neously transmitted IBOC DAB signal. The amount of 
received energy which corresponds to signals from other 
FM-band transmitters may be considerably greater than the 
amount of background (i.e. non-broadcast) noise. In this 
circumstance, adequate signal reception may be interfer- 
ence-limited and not noise-limited. The RF signal emitted by 
an analog FM-band transmitter is, in general, unrelated to 
the RF signal emitted by another analog FM-band transmit- 
ter because the conventional analog FM-band radio infra- 
structure is not a synchronized SFN such as Eureka- 147. The 
FCC RF emission mask limits the occupied bandwidth and 
power which may be transmitted. However, restrictions on 
the occupied bandwidth of the FM-band signal do not 
provide adequate protection against interference in the cir- 
cumstance where there are other (interfering) analog FM- 
band transmitters with the same nominal channel allocation 
frequency. Therefore, there are additional regulations, which 
are also determined by the FCC in the United States, that 
place restrictions on the geographic location of the RF signal 
transmission sites and configurations (e.g. antenna height). 
Thus, the regulatory efforts of the FCC act to coordinate the 
transmission of the RF signals in the analog FM-band in 
order to limit the amount of interference amongst the 
transmitted signals through limitations on signal power and 
bandwidth and by using geographic isolation. In rural areas, 
for example, there may be only a small number of radio 
stations (and hence transmitters). Ample frequency ranges in 
the analog FM-band may exist which would permit the 
IBOC DAB signal sideband outer band edge to extend 
substantially beyond 200 kHz away from center frequency 
1. However, in urban areas, there may be significant con- 
gestion in the analog FM-band due to the presence of a large 
number of stations. 

[0030] In the United States, a substantial source of rev- 
enue for broadcasters is derived from advertising. Thus, it is 
desirable for an FM-band station to have a large potential 
listener audience. The potential size of the listener audience 
is determined primarily by the transmitter power, the 
antenna system, and the population density about the trans- 
mitter site and to a lesser extent by terrain characteristics. In 
most circumstances, it is desirable that the FM-band signal 
be of a sufficient strength over a wide geographic area so that 
adequate reception of the FM-band signal is possible with a 
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conventional FM-band receiver (e.g. automobile receiver 
with a vehicle-mounted whip antenna). Various methods are 
used in the broadcast industry to specify the FM-band signal 
strength over varying geographic areas. For example, con- 
tour maps are used to indicate approximately isotropic RF 
field ^strength curves. The "coverage" of an analog FM-band 
station may be defined as the furthest contour (most distant 
from the transmitter) at which reasonable reception is prob- 
able, as determined by the expected average received signal 
field strength. In general, it is not practical to map precise 
field-strength contours because of local variations in 
received RF field strength due to anomalies in the RF 
propagation characteristics, variations in terrain, buildings, 
and so on, as well as variations in receiver performance. 
Field strength contours are typically expressed in probabi- 
listic terms. For example, the "50/10** contour is a hypo- 
thetical boundary, situated around the transmitter site, at 
which at least fifty (50) percent of the locations are expected 
to have "adequate" received RF signal strength for at least 
ten (10) percent of the time. The coverage of an analog 
FM-band transmitter is defined as the geographic area within 
the "50/50" contour; in other words, the field strength 
contour at which fifty-percent of the locations will have 
sufficient field strength for fifty -percent of the time. A goal 
of IBOC DAB is to have a digital signal coverage charac- 
teristic which is not significantly less than the coverage of 
the corresponding analog FM-band transmitter despite the 
fact that the IBOC DAB signal is transmitted at an RMS 
power level which is significantly less than the correspond- 
ing analog FM-band signal. This is possible because the 
IBOC DAB signal receiver typically exhibits good receiver 
performance at a smaller signal-to-noise ratio (SNR) when 
compared to an analog FM-band receiver. 

[0031] For a specific transmitter power and antenna sys- 
tem, the coverage of an analog FM-band station is primarily 
determined by the characteristic attenuation of RF propaga- 
tion. As the distance from the transmitter to the receiver 
increases, the received RF field strength decreases. At some 
distance from the transmitter, the field strength becomes 
insufficient for reasonable continuous reception. When the 
reception is limited by thermal noise in the implementation 
of the receiver, then a more complex receiver implementa- 
tion with a smaller "noise-figure" (NF) may extend cover- 
age. However, when the reception is limited by interference, 
a receiver with a smaller noise-figure may have no effect on 
the coverage. The realized coverage is further compromised 
when compared to ideal free-space propagation by the 
presence of obstacles situated between or about the trans- 
mitter and the receiver, which may obscure the line-of-sight 
(LOS) propagation path and/or cause additional RF signal 
reflections. Then, the effects of multipath propagation (sig- 
nal echoes) may cause further attenuation in the received 
signal due to destructive interference between paths with 
varying phases, amplitudes, and delays. 
[0032] In addition to the attenuation characteristics of 
free-space propagation, with and/or without multipath, the 
received RF signal is degraded by the presence of other RF 
sources with similar frequencies, for example, signals from 
other FM-band transmitters. The effects of inter-station 
interference from other transmitters may cause significant 
distortion in the desired received signal at distances which 
are relatively close to the desired station's transmitter. Thus, 
the coverage characteristic of an FM-band station may be 
determined more by the physical proximity between FM- 



band transmitters than by the effects of background noise at 
greater distances, in certain circumstances. In general, the 
most severe potential for inter-station interference for con- 
ventional analog FM-band stations is caused in allocation 
circumstances known as "co-channel", "first-adjacent chan- 
nel", and "second-adjacent channel". 

[0033] The co-channel circumstance occurs when analog 
FM-band stations have the same allocation frequency. Thus, 
the emitted signals overlap one another substantially and 
frequency-specific bandpass filtering in the receiver is inef- 
fective in separating the signals. As a result, co-channel 
station transmitters are required by FCC regulations to be 
separated by a substantial geographic distance. The mini- 
mum required separation depends upon the relative emitted 
signal powers of the stations. For example, in the United 
States, FCC class "B" transmitters, having radiated powers 
of up to 50 kW at a 500 foot antenna height, are to be 
separated by at least 150 miles. The degree to which signals 
from transmitters may interfere with one another is 
expressed by the decibel ratio between the desired signal's 
field strength magnitude and the undesired signal's field 
strength magnitude, which is known as the "D/U" ratio. The 
D/U ratio is essentially a measure of receiver SNR in a 
interference-limited circumstance over a bandwidth which 
includes both the desired and undesired signals. In most 
cases, only the geographically closest transmitters for the 
particular channel allocation circumstance need to be con- 
sidered. The linear value of the numerator "D" in the D/U 
ratio is determined by the desired signal's field strength 
(milliVolts/meter) at the 50/50 field strength coverage con- 
tour. The linear value of the denominator "U" in the D/U 
ratio is the undesired signals' field strength. The undesired 
signal's linear amplitude is typically determined at the 50/10 
field strength contour of the interfering station transmitter. 
The FCC Rules and Regulations require that the transmit- 
ters' effective radiated power and geographic separation be 
such that the D/U ratio for co-channel interference is at least 
+20 decibels (dB), which means that the desired signal field 
strength linear magnitude is at least ten (10) times as large 
as the undesired field strength linear magnitude at the 50/50 
contour for the desired signal's transmitter. 

[0034] The IBOC DAB signal represents an encoded 
digital audio signal, together with ancillary data. As a result, 
the bit error rate determined at the IBOC DAB receiver after 
error correction code (ECC) decoding must be relatively 
small for proper operation of the receiver system, for 
example, less than lxlO" 5 . Digital communication systems 
have the advantage, when compared to analog communica- 
tion systems, that the addition of information redundancy 
through ECC encoding facilitates the recovery of the signal 
at the receiver with a very low error rate, even when the 
signal-to-noise ratio (SNR) is relatively small. At reasonable 
bit densities (typically less than or equal to about 3 bits/sec/ 
Hz), the required SNR is significantly less than the 20 dB, 
typically less than about 15 dB. In the co-channel interfer- 
ence condition, the primary source of interference in a 
received IBOC DAB signal from the co-channel station is 
not the analog FM-band signal, but the possible IBOC DAB 
signal which may be generated by. the interfering station. 
The co-channel analog FM-band signal is approximately 
frequency-orthogonal to the IBOC DAB signal and so it is 
substantially mitigated, together with the corresponding 
on-channel analog FM-band signal associated with the 
desired IBOC DAB signal, by bandpass and/or notch filter- 
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ing in the IBOC DAB receiver However, the IBOC DAB 
signal which may be generated by the co-channel transmitter 
substantially overlaps the desired IBOC DAB signal in 
frequency. The ratio of the desired IBOC DAB signal power 
to the undesired IBOC DAB signal power is the same as that 
for the analog FM-band circumstances; in other words, the 
IBOC DAB signal D/U for co-channel allocations is at least 
20 dB because the power ratio between the analog FM-band 
signals and the IBOC DAB signals follow. Therefore, the 
existing protection ratios established for the analog FM- 
band co -channel circumstance are more than sufficient for 
the IBOC DAB signal. As a result, the coverage of the 
transmitted IBOC DAB signal is not degraded relative to the 
coverage of the analog FM-band signal due to co-channel 
interference. On the basis of IBOC DAB D/U ratios alone 
(in other words, when ignoring the analog FM-band signals), 
co-channel IBOC DAB transmitters could be situated closer 
geographically than is presently allowed by the FCC Rules 
and Regulations for analog FM-band transmitters without 
causing undue interference. 

[0035] The first-adjacent circumstance occurs when ana- 
log FM-band transmitters differ in allocation frequency by 
plus one or minus one channel allocations (i.e. ±200 kHz). 
When considering the interference-limited coverage of a 
specific analog FM-band transmitter, there may be i) one 
dominant source of first-adjacent interference at either a 
positive 200 kHz frequency offset or a negative 200 kHz 
frequency offset from the desired signals' center frequency, 
or ii) two comparable interference sources at both positive 
and negative offsets of 200 kHz. The occupied bandwidth of 
an analog FM-band signal is about 240 kHz, which exceeds 
the allocation frequency increment. Thus, in a first- adjacent 
circumstance, there may be some frequency overlap 
between the desired analog FM-band signal and the inter- 
fering analog FM-band signal, particularly when the audio 
signals are heavily modulated (i.e. causing wide frequency 
deviation). However, frequency -specific bandpass filtering 
with a very narrow IF bandwidth (typically less than 200 
kHz) is reasonably effective in separating the desired signal 
from the undesired signal. The disadvantage of narrow 
bandpass filtering in the analog FM-band receiver is that it 
causes some distortion in the recovered analog audio signal 
due to i) the difficulty in implementing high-frequency 
bandpass filters with steep transition bandwidths while 
simultaneously preserving good phase and amplitude linear- 
ity and because ii) the attenuation of the higher-order 
nonlinear FM harmonics by the narrow bandwidth filter 
deleteriously affects the high-frequency response of the FM 
signal demodulator. For vehicle FM-band receivers, the 
disadvantages of a narrow bandwidth filter are typically less 
important than the advantages of a narrow bandwidth filter 
in combating both the effects of interference and noise. With 
a narrow bandpass filter less than about 200 kHz wide, the 
analog FM-band signals in the first- adjacent circumstance 
are approximately frequency-orthogonal. The FCC Rules 
and Regulations allow for a relatively high level of first- 
adjacent interference, with the presumption that the analog 
FM-band receiver will be implemented with sufficient fil- 
tering. The allowable D/U ratio for the first-adjacent cir- 
cumstance is only +6 dB. In other words, at the 50/50 
coverage contour of the desired signal's transmitter, the field 
strength linear magnitude from the first adjacent interference 
source(s) may be as large as one-half (4;2) of the field 
strength linear magnitude of the desired signal. This low 



D/U ratio for first-adjacent interfere rs does not afford ample 
protection even for the analog FM-band signal in certain 
circumstances, for example, when multipath effects become 
significant. 

[0036] The first-adjacent interference condition is a diffi- 
cult problem for an IBOC DAB system design to overcome 
because the IBOC DAB signal, which occupies upper and 
lower sidebands 11 and 13, may significantly overlap the 
frequency range occupied by the interfering analog FM- 
band signal, while also having significantly less power than 
the interfering signal. Then, although the analog FM-band 
signals are approximately frequency-orthogonal, one of the 
sidebands of the desired IBOC DAB signal may be substan- 
tially disturbed by the interfering analog FM-band signal so 
that reliable digital demodulation is not possible. The effect 
is to significantly limit the coverage of the IBOC DAB 
signal in the direction towards the first- adjacent interfering 
transmitter. 

[0037] The second-adjacent interference circumstance 
occurs when the channel allocation frequencies differ by two 
channel allocations, namely, 400 kHz. With respect to the 
center frequency of the desired signal, the dominant source 
of second-adjacent interference may be a transmitter at a 
positive frequency offset of 400 kHz or a negative frequency 
offset of 400 kHz or by transmitters at both positive and 
negative 400 kHz frequency offsets. In the second-adjacent 
circumstance, there is no significant frequency overlap 
between the analog FM-band signals because the occupied 
bandwidth of each of the analog FM-band signals is sub- 
stantially less than 400 kHz. As a result, the permissible D/U 
ratio is very low, -20 dB. The negative decibel D/U ratio 
indicates that the field strength linear magnitude of the 
undesired signal may actually exceed the field strength 
linear magnitude of the desired signal by a factor of ten (10) 
at the edge of coverage of the desired signal. This is usually 
not a significant problem in the reception of analog FM-band 
signals because bandpass filters with a high "Q-f actor" 
(typically implemented in the FM receiver at an IF of about 
10.7 MHZ) substantially attenuate the frequency compo- 
nents which correspond to the possible second-adjacent 
interference sources. However, due to the potentially large 
field strength of the second-adjacent source when compared 
to the desired signal field strength, intermodulation distor- 
tion (IMD) due to nonlinearities in the implementation of the 
RF tuner and other components may cause degradation of 
the received signal. 

[0038] The second-adjacent circumstance is a much more 
important factor in the design of the digital signals for IBOC 
DAB than for analog FM-band signals because the possi- 
bility for interference limits the practical outer band-edges 
of the IBOC DAB signal upper and lower sidebands to be no 
more than about 200 kHz away from the analog FM-band 
center frequency. 

[0039] There are other interference circumstances which 
arise where the frequency offsets between interfering trans- 
mitters are at least 600 kHz apart (i.e. at least three 200 kHz 
allocations). The cause of distortion in the desired received 
signal in these circumstances is due substantially to inter- 
modulation distortion for both analog FM-band reception 
and IBOC DAB reception. Since the bandwidth of the IBOC 
DAB signal together with the analog FM-band signal is no 
more than about 400 kHz, signals from transmitters sepa- 
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rated by 600 kHz or more will not affect one another in the 
receiver when filtered adequately, except for intermodula- 
tion distortion in, for example, the RF tuner. The interfer- 
ence conditions beyond second-adjacent do not significantly 
impact the design of an IBOC DAB signal. 

[0040] The plethora of possible interference conditions is 
further complicated by the existence of older analog FM- 
band broadcast station transmitters which may have been 
established prior to the adoption by the FCC of certain 
interference-limiting regulations. In certain circumstances, 
these stations may be subject to "grand-fathering", which 
allows for non-compliance with some regulations. As a 
result, the amounts of interference may exceed the FCC 
limits, described previously, so that the measured D/U ratios 
are worse (i.e. are lower- valued) than the nominal condi- 
tions. In other words, operating analog FM-band transmit- 
ters may be geographically located closer to one-another 
than would be allowed by the present regulations, which is 
known as a "short-spacing" circumstance. For analog FM- 
band reception, the most serious potential for degradation 
occurs with short-spaced co-channel and first-adjacent trans- 
mitters. 

[0041] Although analog FM-band signals and IBOC DAB 
signals are both deleteriously affected by interchannel inter- 
ference due to the co-channel, first -adjacent and second- 
adjacent circumstances, the cause of the interference and the 
magnitude of the problem created by the interference differs 
considerably. With reference to prior art FIG. 2, analog 
FM-band channel center-frequency 1 and analog FM-band 
signal 7 are as in FIG. 1. The IBOC DAB signal occupies 
both upper sideband region 11 and lower sideband region 13, 
situated at positive and negative frequency offsets between 
about 100 kHz and about 200 kHz away from analog 
FM-band center frequency 1, which is designated f c . The 
possible first-adjacent transmitted signal in FIG. 2 has 
analog FM-band channel center-frequency 15, which is 
shown with a positive 200 kHz offset in frequency compared 
to center-frequency 1, i.e. f c +200 kHz. As described previ- 
ously, it is also possible for first-adjacent interference to 
exist at a negative 200 kHz frequency offset from center- 
frequency 1, or simultaneously at both positive and negative 
200 kHz frequency offsets. However, the most severe first- 
adjacent interference, in other words, where the D/U ratios 
may be +6 dB, typically occurs on only one side of center- 
frequency 1 at once; at either a positive 200 kHz offset or a 
negative 200 kHz offset, but not both at once. The drawing 
of dominant first-adjacent interference with a positive fre- 
quency offset in FIG. 2 is arbitrary. The circumstance where 
the dominant interference has a negative frequency offset 
causes similar interference amounts, except affecting the 
other sideband. 

[0042] The permissible analog FM-band interference D/U 
ratio for first-adjacent interference is only +6 dB. The IBOC 
DAB signal is typically lower in power than the correspond- 
ing analog FM-band signal by between 12 and 30 decibels. 
In the receiver, the desired and undesired signals are 
received simultaneously. Thus, first -adjacent analog FM- 
band signal 17 with first-adjacent center-frequency 15 may 
significantly occlude upper sideband 11, which is where the 
desired IBOC DAB signal is presumed to exist. The degree 
of overlap between analog FM-band signal 17 and IBOC 
DAB upper sideband 11 is far more significant than the 
possible overlap between analog FM-band signal 17 and 



analog FM-band signal 7. The analog FM-band D/U ratio is 
shown as the difference 19 in received signal unmodulated 
powers. The D/U ratio in FIG. 2 does not correspond to the 
worst-case +6 dB D/U ratio. Ratio 19 is meant to be a 
representation of a first-adjacent circumstance which causes 
significant IBOC DAB interference and may actually cor- 
respond to a D/U ratio substantially greater than +6 dB, and 
so does not reflect the worst case scenario. 

[0043] An analog FM-band receiver may operate 
adequately even when the D/U ratio is as low as +6 dB when 
the receiver implementation has a sufficiently narrow band- 
pass filter, as described previously. However, upper IBOC 
DAB signal sideband 11 is substantially disturbed by the 
interfering analog FM-band signal 17, and an IBOC DAB 
receiver which requires that sideband 11 be demodulated 
and the encoded data determined with a relatively low error 
rate may not operate properly because of the low effective 
signal-to-noise ratio (where the noise is the interference 
signal). As a result, the effective coverage of the IBOC DAB 
signal may be significantly reduced due to first adjacent 
interference when compared to the coverage of the corre- 
sponding analog-band FM signal, which is undesirable. A 
prior art IBOC DAB system which requires demodulation of 
signals which are located in both the upper and lower 
sidebands around the analog FM-band signal is described in 
U.S. Pat. No. 5,465,396 to Hunsinger, et. al. Certain other 
IBOC DAB systems, discussed subsequently, which have 
been tested by the Electronic Industries Association, also 
demodulate both sidebands together or demodulate upper 
and lower sidebands with unrelated source bit information. 

[0044] Although not shown in prior art FIG. 2, the first- 
adjacent transmitter may also generate a IBOC DAB signal 
in addition to the analog FM-band signal. However, the 
first-adjacent IBOC DAB signal does not significantly affect 
the desired IBOC DAB signal. Only one of the two IBOC 
DAB signal sidebands corresponding to the first-adjacent 
interference source may cause interference (the lower side- 
band of the interfering transmitter in FIG. 2) because the 
other sideband is in a substantially different region of 
frequencies; in other words, significant amounts of interfer- 
ence may only be generated by the interfering IBOC DAB 
signal sideband (either upper or lower, not both) whichever 
is closest in frequency to the desired signal. Furthermore, the 
IBOC DAB signal sideband for the first-adjacent interfer- 
ence source does not significantly overlap the desired IBOC 
DAB signal sideband in frequency, 

[0045] For prior art FIG. 2, the lower first-adjacent IBOC 
DAB sideband (not shown) is situated at a frequency offset 
between 100 kHz and 200 kHz less than first-adjacent center 
frequency 15. With respect to center frequency 1, this 
correspond to an effective offset of between 0 kHz and 100 
kHz, which is the region where analog FM-band signal 7 is 
located and not the IBOC DAB signal. Thus, while the 
first-adjacent analog FM-band signal is a source of interfer- 
ence to the desired IBOC DAB signal, the first-adjacent 
IBOC DAB signal is only a source of interference to the 
desired analog FM-band signal. The interference caused by 
the first- adjacent IBOC DAB signal to the desired analog 
FM-band signal is typically not a substantial problem 
because the IBOC DAB signal power is substantially less 
than the analog FM-band signal power. For example, when 
the IBOC DAB power for the first-adjacent interference 
source is twelve (12) decibels lower than the corresponding 
\ 
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analog FM-band power, and since only one of the IBOC 
DAB sidebands overlaps the desired FM-band signal (which 
corresponds to a 3 dB reduction in interference power 
relative to the total IBOC DAB power), the interfering IBOC 
DAB power will be at least 21 decibels below the desired 
analog FM-band signal power when the analog FM-band 
first- adjacent D/U ratio is +6 dB at the edge of the desired 
signal's coverage. Thus, the analog FM-band interference 
caused by the first-adjacent IBOC DAB signal is similar to 
the co-channel circumstance permitted between analog FM- 
band signals. 

[0046] Unfortunately, the first-adjacent circumstance 
causes substantially more interference in the reception of the 
desired IBOC DAB signal than the desired analog FM-band 
signal. It is difficult to design an IBOC DAB system which 
overcomes the high-level of interference that may be created 
by the worst-case first-adjacent situation. The overwhelming 
amount of interference is caused by the first-adjacent analog 
FM-band signal, and not the first- adjacent IBOC DAB 
signal, 

[0047] It is a goal of IBOC DAB to supplant the existing 
network of analog FM-band transmitters over a period of 
time. As analog FM-band transmitters are turned of! or 
reduced in power, the problems created by first- adjacent 
interference will diminish. However, during the initial 
deployment of IBOC DAB, first-adjacent interference will 
be a serious problem because of the large number of 
pre-existing analog FM-band transmitters. 

[0048] Prior art FIG. 3 shows the circumstance where 
there is second-adjacent interference. It is more likely that 
there are two significant sources of second-adjacent inter- 
ference than two significant sources of first-adjacent inter- 
ference at once because of the greater frequency separation 
for second-adjacent interference, which allows for a reduc- 
tion in the physical distance between transmitters. For 
example, the minimum distance between second-adjacent 
transmitters is only 40 miles for class B analog FM-band 
stations, which is substantially less than the required 150 
mile separation for first-adjacent class B stations. FIG. 3 is 
a representation of the interference condition which may be 
present when there are second-adjacent transmitters located 
at both a positive 400 kHz frequency offset and a negative 
400 kHz frequency offset from center-frequency 1; in other 
words, interfering analog FM-band signals with center fre- 
quency 21, which is f c +400 kHz, and center frequency 23, 
which is f c -4O0 kHz. The D/U ratios are shown as ratio 25 
for the upper (positive offset) second-adjacent interference 
and ratio 27 for the lower (negative offset) second- adjacent 
interference. In the second-adjacent circumstance, there is 
no significant overlap in frequency between analog FM- 
band signal 7 and upper second- adjacent analog FM-band 
signal 29 or between analog FM-band signal 7 and lower 
second-adjacent analog FM-band signal 31. The permissible 
D/U ratio for second-adjacent interference, with respect to 
the desired signal with center- frequency 1, is -20 dB so that 
analog FM-band signals 29 and 31 may have substantially 
more power than analog FM-band signal 7, determined at 
the receiver. The larger field strength of the second- adjacent 
sigoal(s) when compared to the desired station signal is 
typically not a significant problem for analog FM-band 
reception because of the bandpass filtering implemented in 
the FM-band receiver except for intermodulation distortion, 
which was described previously. 



[0049] Although the second-adjacent circumstance does 
not significantly impact the analog FM-band signal, it is a 
vital consideration in the design of an IBOC DAB signal. In 
particular, the potential for second-adjacent interference, as 
shown in prior art FIG. 3, determines the practical outer 
edges for IBOC DAB signal sidebands 11 and 13. When 
IBOC DAB is fully deployed, each analog FM-band trans- 
mitter will most likely have a corresponding IBOC DAB 
transmitter, which generates the IBOC DAB signal. When 
the IBOC DAB signal occupies the upper and lower side- 
bands around the analog FM-band signal, only one of the 
sidebands for each of the two possible interference sources 
may generate significant amounts of interference for second- 
adjacent allocations. In particular, the IBOC DAB signal in 
lower sideband 33 of the upper second-adjacent interference 
with center frequency 21 and the IBOC DAB signal in upper 
sideband 35 of the lower second- adjacent interference with 
center frequency 23 may cause interference to the desired 
IBOC DAB signal in sidebands 11 and 13 (i.e. sideband 35 
may interfere with sideband 13, and sideband 33 may 
interfere with sideband 11). 

[0050] It is presumed that the shape of the power spectrum 
envelope of the IBOC DAB signal is about the same for all 
IBOC DAB transmitters, except for differences in center 
frequency and transient differences due to specific data 
patterns. The interfering IBOC DAB signals in sidebands 33 
and 35 may be substantially larger than the desired IBOC 
DAB signal in sidebands 11 and 13 because of the low- 
valued D/U ratio of -20 dB. In order to prevent excessive 
amounts of interference, the outer edge of the IBOC DAB 
signal sidebands 11 and 13 should not exceed a frequency 
offset of about 200 kHz away from center frequency 1. Then, 
the outer edge of interfering sideband 35 is approximately 
adjacent to the outer edge of desired lower sideband 13. 
Similarly, the outer edge of interfering sideband 33 is 
approximately adjacent to the outer edge of desired upper 
sideband 11. In this circumstance, although sidebands 11 and 
13 may be surrounded by substantial sources of interference 
(sideband 33 and sideband 35, respectively), the interfering 
signals are still approximately frequency-orthogonal and 
may be separated from the desired sideband signals by 
bandpass filtering. 

[0051] The drawing of sidebands 11, 13, 33, and 35 as 
having a rectangular frequency spectrum in FIGS. 1-3 is 
idealized. It is not practical to implement signals whose 
spectrum envelope is perfectly rectangular. In general, there 
may be a small amount of overlap in frequencies between 
sidebands 13 and 35 and between sidebands 11 and 33 
without causing significant degradation of the desired IBOC 
DAB signal receiver performance (which demodulates side- 
bands 11 and 13). The amount of frequency overlap that may 
exist without causing an excessive bit error rate, determined 
at the receiver, depends upon the method of modulation 
which is used to generate the IBOC DAB signal in the 
sidebands. In general, the method of modulation should be 
optimized together with the shape of the IBOC DAB signal 
so that the received IBOC DAB signal in the worst-case 
expected second-adjacent interference circumstance does 
not cause failure of the IBOC DAB signal receiver. When 
narrowband modulation methods are used to generate the 
IBOC DAB signal in the sidebands, for example, "Coded 
Orthogonal Frequency Division Multiplexing" (COFDM, 
a.k.a. OFDM, DMT) [reference: W. Y. Zou and Y Wu, 
"COFDM: an overview,"ZE££ Transactions on Broadcast- 
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ing, Vol. 41, No. 1, pp. 1-8, March 1995], then the outer edge 
of the IBOC DAB sidebands is less than about 200 kHz 
because the outer narrowband subcarrier signals may be 
substantially occluded even when the amount of frequency 
overlap is small. However, when wideband modulation 
methods are used to the implement the IBOC DAB signal, 
for example, "spread-spectrum" modulation [reference: R. 
L. Pickholtz, D. L. Schilling, and L. B. Milstein, "Theory of 
spread-spectrum communications — a tutorial/7EE£ Trans- 
actions on Communications, Vol. 30, No. 5, pp. 855-884, 
May 1982], then there may be a greater amount of fre- 
quency-overlap. Because of the small D/U ratios that are 
possible for second-adjacent interference, it is important that 
the "shape-factor" of the IBOC DAB signal be relatively 
small (i.e. closer to 1 than 2), so that the increase in 
attenuation at the edges of the IBOC DAB signal sidebands 
is relatively steep. The IBOC DAB signals which may exist 
in second-adjacent interference sidebands 33 and 35 typi- 
cally do not significantly degrade the performance of the 
receiver for analog FM-band signal 7 because the interfering 
sidebands are frequency-orthogonal to analog signal 7 and 
so are substantially attenuated by the IF bandpass filter in the 
analog FM-band receiver. However, the interfering IBOC 
DAB sidebands 33 and 35 in the second-adjacent circum- 
stance may cause an increase in the noise level determined 
in the analog FM-band receiver when the IF bandpass filter 
is not sufficiently narrow. 

[0052] During initial deployment of IBOC DAB systems, 
second -adjacent interference may not be a concern because 
there will be relatively few analog FM-band transmitters 
equipped with corresponding transmitters for IBOC DAB 
signals. This is in contrast to the first-adjacent circumstance, 
where the large number of pre-existing analog FM-band 
transmitters may cause significant amounts of interference 
even upon initial deployment. However, as IBOC DAB 
systems are more fully deployed to eventually replace 
analog FM-band systems, second-adjacent interference 
becomes an important consideration. While attenuating or 
turning off the analog FM-band signals will substantially 
diminish the first- adjacent problem in the long-term, the 
elimination of the analog FM-band signal has no effect on 
the primary source of second-adjacent interference on the 
IBOC DAB signal, which is another IBOC DAB signal. 
When considering the performance of the receiver for the 
desired IBOC DAB signal, the most severe first-adjacent 
interference is caused by the first-adjacent analog FM-band 
signal, and not by the first-adjacent IBOC DAB signal, while 
the most severe second-adjacent interference is caused by 
the second-adjacent IBOC DAB signal, and not by the 
second-adjacent analog FM-band signal. 

[0053] The deleterious effects of co-channel, first- adja- 
cent, and second-adjacent interference may be present even 
when there is line-of-sight (LOS) propagation between the 
transmitter and receiver. However, in many circumstances, 
particularly when the receiver is mobile, as in a vehicle, 
multipath propagation may also cause substantial distortion 
in the received signal. Multipath propagation arises when 
the LOS propagation path is occluded or when there are 
strong specular reflectors, which generate echo signals with 
large amplitudes. As described previously, multipath is 
generally frequency-selective; the effects vary with fre- 
quency. The frequency components which make up the 
transmitted signal may be altered with varying effects on the 
amplitude, phase, and delay, which causes distortion in the 



received signal. For example, multipath propagation may 
cause the occurrence of narrowband "notches", which are 
approximate transmission zeroes in the RF channel fre- 
quency response. Frequency components of the analog 
FM-band signal and/or IBOC DAB signal near the notch 
frequency may be substantially attenuated. The attenuation 
depth and frequency width of the notches depend upon the 
echo delay and amplitude characteristics. When the differ- 
ence in the times-of-arrival of the various received signals is 
small compared to the reciprocal of the bandwidth of the 
transmitted signal, then the effect of the notch in the RF 
channel frequency response is approximately uniform for all 
frequency components in the signal. This circumstance is 
known as a "flat-fade". The field strength (i.e. amplitude) of 
the received signal in the case of flat-fades is often modeled 
with a "Rayleigh" statistical distribution. The flat-fade typi- 
cally occurs when there is no LOS propagation path or a 
LOS path that is significantly attenuated, for example, when 
obstructed and when the signal reflections are diffuse. Flat- 
fading may cause a substantial loss in the received signal 
> amplitude. Fortunately, the probability of the occurrence of 
a loss in signal amplitude of a given amount decreases as the 
amount of the loss increases. For example, for a single-path 
Rayleigh distribution, the probability of a loss in amplitude 
of at least 20 dB with respect to the RMS signal amplitude 
is about one percent, while the probability of a loss in signal 
amplitude of at least 30 dB with respect to the RMS signal 
amplitude is about one-tenth percent. Since the power of the 
IBOC DAB signal is already small when compared to the 
corresponding analog FM-band signal power, the effect of 
Rayleigh fading on the receiver performance may be cata- 
strophic (i.e. weak-signal failure) even with large amounts 
of error protection redundancy in the IBOC DAB signal. 

[0054] A known method to combat the deleterious effects 
of flat- fading multipath is receiver "diversity"[reference: W. 
C. Y. Lee. Mobile Communications Design Fundamentals. 
Indianapolis, Ind.: Howard W. Sams & Co., 1986, pp. 
113-133]. In a receiver diversity system, multiple receiving 
antennas are used in the implementation of the receiver. In 
certain circumstances, the antennas are separated by a physi- 
cal distance which is about one-half of the RF carrier 
(center-frequency 1) wavelength. In other circumstances, the 
antennas may be separated by a distance equivalent to many 
RF carrier wavelengths. By separating the antennas with a 
sufficient amount of distance, the signal received at each 
antenna will be approximately uncorrelated and independent 
of the other received signals. The principle of diversity 
reception for combating flat-fading is that since the received 
signals are uncorrelated, the probability of both of the 
received signals being substantially attenuated by the effects 
of Rayleigh fading at the same time is substantially less than 
in the circumstance with only one receiver antenna. A 
disadvantage of receiver diversity is that it requires at least 
two receiver antennas. 

[0055] It is also possible to use diversity at the transmitter 
site by having multiple (at least two) broadcast antennas. In 
this circumstance, only a single antenna at the receiver is 
required. The receiver antenna sums the received signals 
from the plurality of transmitter antennas. Most analog 
FM-band transmitters and their corresponding antenna sys- 
tems do not use transmitter diversity. Furthermore, trans- 
mitter diversity systems require that the total licensed power 
be divided among a plurality of antennas, so that the power 
available for broadcast in a single antenna is reduced. 
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Diversity may be accomplished with two transmission 
antennas without physical separation between the antennas 
by methods known as "polarization" diversity, and "field- 
component" diversity. 

[0056] A further known method of diversity is "time- 
diversity". Time diversity does not require additional trans- 
mitter or receiver antennas. In time diversity, two identical 
messages are transmitted at different instances in time. 
When the receiver is in motion, as in a vehicle, the received 
signals at the two different instances in time will be approxi- 
mately uncorrected when the time-difference corresponds 
to about at least one-half RF carrier wavelength. The 
required distance depends upon the velocity of the receiver 
so that time-diversity is ineffective at combating fiat- fading 
when the receiver is not in motion. "Interleaving"[reference: 
J. L. Ramsey, "Realization of optimum interleavers "IEEE 
Transactions on Information Theory, Vol. 16, No. 3, pp. 
338-345, May 1970] is a method of time-diversity in which 
estimates of the determined bits are shuffled by an order- 
randomizing algorithm in order to substantially mitigate 
correlated probabilities of error for consecutive bit esti- 
mates. Interleaving does not change the probability of error 
prior to consideration of the error correction code decoding, 
but it does cause a redistribution of probable errors. Spread- 
ing probable burst errors over a larger time interval typically 
improves the performance of the ECC decoding algorithm, 
particularly for convolutional codes. A disadvantage to 
many known diversity systems is that in the corresponding 
receiver systems, the determination as to which signal path 
corresponds to a less-affected signal is made by determining 
a signal-to-noise (SNR) estimate of the signal itself. How- 
ever, for digital communication systems, it may be difficult 
to determine the signal SNR estimate with sufficient accu- 
racy. Avery small difference in SNR values may result in a 
large difference in decoded bit error probability. 

[0057] Prior art systems for new-band DAB and IBOC 
DAB are known. The Eureka -147 system [reference: G. 
Plenge, ibid.] is a new-band DAB system which makes use 
of COFDM modulation with a plurality of narrowband 
carriers. The Eureka-147 DAB signal represents a multiplex 
of digital audio sources, which are combined, and transmit- 
ted together. The minimum occupied bandwidth of the 
Eureka-147 DAB signal is 1.536 MHz. The operating fre- 
quency range for Eureka-147 is not the same for all coun- 
tries, although a common allocation at L-band has been 
proposed. The bandwidth of the Eureka-147 DAB signal is 
significantly larger than that for conventional analog FM- 
band broadcast, even when considering the upper and lower 
sideband regions in the RF emission mask. Thus, the 
Eureka-147 DAB system is not compatible with the narrow- 
band emission and independent transmission characteristics 
of IBOC DAB. The Eureka-147 system is unrelated to the 
instant invention. 

[0058] U.S. Pat. No. 5,465,396 to Hunsinger, et. al., 
entitled "In -band On- Channel Digital Broadcasting" 
describes an IBOC DAB method and system where the 
IBOC DAB signal is generated in the transmitter so that its 
instantaneous carrier frequency is phase-quadrature to the 
analog FM-band signal (i.e. AM-over-FM). The IBOC DAB 
signal bandwidth substantially overlaps that of the occupied 
bandwidth of the analog FM-band signal. The IBOC DAB 
signal itself is composed of a plurality of narrowband 
sinusoid-like signals, which are summed together with a 



reference signal and combined with the analog FM signal. 
Since there is considerable overlap in the frequency regions 
of the IBOC DAB signal and the analog FM-band signal, the 
signals can be reliably separated only when the IBOC DAB 
signal and the analog FM-band are phase-orthogonal (i.e. 
quadrature). It has been previously discussed that the phase- 
orthogonality may be significantly disrupted by the effects of 
multipath and frequency-selective distortion. A further dis- 
advantage of the '396 system is that it requires the trans- 
mission of an analog FM-band signal (at least the carrier) for 
proper operation of the IBOC DAB receiver because the 
carrier frequency estimate and the baud frequency estimate 
of the IBOC DAB signal determined in the receiver are 
derived from the analog FM-band signal. Narrowband notch 
interference which substantially attenuates the carrier and/or 
pilot frequency component of the analog FM-band signal 
may then deleteriously affect the IBOC DAB signal, even if 
most of the bandwidth of the IBOC DAB signal was not 
affected by the frequency-selective distortion. Finally, the 
bandwidth of the '396 system is about 400 kHz when there 
is no analog FM modulation. With modulation, the band- 
width exceeds 400 kHz so that there may be significant 
second-adjacent interference between IBOC DAB signals. 

[0059] U.S. Pat, No. 5,278,826 to Murphy, et. al., 
describes an IBOC DAB system which makes use of a 
plurality of narrowband COFDM subcarrier signals which 
are data-modulated with QPSK (i.e. four phase states) 
modulation and which are simultaneously transmitted. The 
composite signal is phase-locked to the analog FM-band 
signal 19 kHz stereo pilot component. The bandwidth of the 
DAB signal is about 200 kHz and the spectrum of the DAB 
signal and the analog FM-signal overlap significantly except 
when there is very little analog FM modulation, which is an 
uncommon occurrence for conventional analog FM-band 
signals which are highly processed. The disadvantages of 
spectrum overlap between the IBOC DAB signal and the 
analog FM-band signals have been described. In addition to 
being susceptible to interference from the analog FM-band 
signal, the system described in the '826 patent is further 
significantly degraded by first-adjacent analog FM-band 
interference, which may occupy a bandwidth which sub- 
stantially overlaps the DAB signal. The '826 patent 
describes an IBOC DAB system whose subcarrier signal 
characteristics are similar to the single-sideband COFDM 
"AT&T Amati LSB" system, described below, but with a 
larger DAB composite signal bandwidth so that the inter- 
channel interference conditions encountered are more 
severe. A disadvantage of the J 826 system is that when the 
analog FM-band signal is substantially distorted, the DAB 
receiver system may not operate properly because it requires 
the recovery of the analog FM-band signal for IBOC DAB 
synchronization. 

[0060] Several new-band and IBOC DAB systems were 
submitted for laboratory and field testing in the United 
States. The tests are being conducted by the Electronic 
Industries Association (EIA) Digital Audio Radio Subcom- 
mittee in order to determine a recommendation for a digital 
audio radio standard. The systems are described in a labo- 
ratory test report published by the Electronic Industries 
Association Consumer Electronics Group (EIA CEG) on 
Aug. 11, 1995 [reference: "Digital Audio Radio; Laboratory 
Tests; Transmission Quality Failure Characterization and 
Analog Compatibility" published by Electronic Industries 
Association Consumer Electronics Group, Digital Audio 
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Radio Subcommittee, Aug. 11, 1995, sections A, AD, AE, 
AG, AH, AK, AL]. The objective of the EI A CEG was to 
compare and contrast the performance of the IBOC DAB 
and new-band DAB systems under a wide variety of cir- 
cumstances, in order to determine the effects of noise, 
multipath, co-channel, first- adjacent allocation, and second- 
adjacent allocation interference on the receiver performance. 
According to the report, two different IBOC DAB systems 
were submitted for testing by USA Digital Radio (USADR). 
These systems are referenced in the EIA report by the system 
labels "USADR FM-1" and "USADR FM-2" Two different 
IBOC DAB systems were also submitted by AT&T Corpo- 
ration in cooperation with Amati Communications (AT&T/ 
Amati) known as "AT&T Amati LSB" and "AT&T Amati 
DSB". The USADR FM-1 and AT&T Amati DSB systems 
were modified during the testing process, resulting in system 
variations with the labels "USADR FM-1 Rev B" and 
"AT&T Amati DSB Rev B". AT&T Corporation also sub- 
mitted a DAB system described as being "In-band Adjacent- 
channel" (IBAC) with the system label "AT&P\ An IBAC 
signal occupies 200 kHz bandwidth, is generated to occupy 
either the positive-offset first-adjacent frequency allocation 
(+200 kHz) or the negative-offset first-adjacent frequency 
allocation (-200 kHz), but not both, and operates at a 
relatively high power level. Thus, an IBAC DAB signal is 
not spectrally confined to within the upper and/or lower 
sideband regions and does not approximately comply with 
the FCC emission mask. IBAC DAB systems are unrelated 
to the instant invention. 

[0061] According to the proponent self-descriptions 
included in the report, the USADR FM-1 system transmits 
a IBOC DAB signal, which is composed of a simultaneous 
multiplex of 48 modulated orthogonal signals together with 
a reference waveform. Each orthogonal signal, which is a 
subcarrier signal, spans a bandwidth of about 450 kHz, 
centered on the analog FM-band center frequency. The 
subcarrier frequency spectrum has about a 220 kHz void in 
the center. This is approximately equivalent to having the 
IBOC DAB signal in the upper and lower sidebands, as 
described previously. The void in the center of the spectrum 
causes the IBOC DAB signal to be approximately fre- 
quency-orthogonal to the analog FM-band signal, which is 
desirable. The IBOC DAB signal is unrelated to the analog 
FM-band signal. The total bit rate of the IBOC DAB signal 
is 384 kbit/sec and the IBOC DAB signal baud interval is 
about 125 microseconds. A disadvantage of the USADR 
FM-1 system is that since each subcarrier signal waveform 
spans both the upper and lower sidebands simultaneously, 
large amounts of interference in only one of the sidebands 
may cause the receiver system to fail by causing a negative 
SNR ratio for all of the subcarrier signals, whereas in a 
narrowband system, only some of the subcarrier signals 
would be deleteriously affected. According to the published 
EIA CEG test data, the onset of the IBOC DAB receiver 
system failure, which is known as point-of-failure or POF, 
for the USADR FM-1 system occurs when the D/U ratio at 
the receiver is about +7 dB for co-channel interference 
(versus +20 dB by FCC Part 73), about +22 dB for one-sided 
first- adjacent interference (versus +6 dB), and about -2 dB 
for one-sided second-adjacent interference (versus -20 dB). 
The amount of distortion produced in the recovered audio 
signal at the POF point is significant. The type of distortion 
at POF may include silence (mutes), honks, bandwidth- 
restriction, or extended periods of noise. The EIA data also 



includes characterizations of the receivers for a performance 
threshold known as the threshold-of-audibility or TOA. The 
onset of TOA occurs when lessor audio artifacts (e.g. 
occasional gurgles, chirps, and whistles) become detectable. 
Thus, the receiver degradation at TOA corresponds to a 
milder form of receiver failure than at POF. However, the 
onset of TOA is typically more rapid than POF. The refer- 
ence to the POF threshold D/U ratios in this disclosure 
instead of TOA thresholds is an optimistic measure of IBOC 
DAB receiver performance. In other words, the recovered 
audio may be objectionable at a point which corresponds to 
a less serious noise and/or interference condition than the 
POF threshold. Although the onset of TOA is more rapid 
than POF, the difference in the corresponding interference 
ratios is typically small (e.g. less than four decibels). The 
first-adjacent (+22 dB) and second-adjacent (-2 dB) D/U 
ratios for the USADR FM-1 system at the POF threshold are 
significantly larger than the FCC permitted D/U ratios (+6 
dB and -20 dB, respectively). As a result, the first- adjacent 
and second-adjacent interference-limited coverage of the 
USADR FM-1 IBOC DAB system may be substantially 
smaller than the interference-limited coverage of the corre- 
sponding analog FM-band signal, which is undesirable. 

[0062] According to the proponent self-description of the 
USADR FM-2 IBOC DAB system, the FM-2 system uses 
phase-orthogonal modulation so that the analog FM-band 
signal and the IBOC DAB signal are generated in the 
transmitter to be quadrature. This is similar to the '396 
patent to Hunsinger, where the IBOC DAB signal is (quadra- 
ture) to the instantaneous analog FM-band carrier frequency. 
However, the subcarrier signals in the '396 patent are 
narrowband while the subcarrier signals used in the FM-2 
system are wideband. The FM-2 subcarrier signals are 
described as being synchronous orthogonal Code-Division 
Multiple Access (CDMA) signals. Orthogonal CDMA sig- 
nals are known; see, for example, U.S. Pat. No. 4,460,992 to 
Gutleber. The bandwidth of the USADR FM-2 IBOC DAB 
signal substantially overlaps the analog FM-band signal so 
that separation of the signals depends upon the phase - 
orthogonality property. As a result, the FM-2 system has 
significant performance disadvantages when there is multi- 
path or frequency-selective distortion, as described previ- 
ously. Hie bandwidth of the USADR FM-2 signal is about 
250 kHz, but there are sidebands which extend further out as 
a result of the "sine" spectrum shape of the CDMA signals, 
which is a further disadvantage; in other words, systems 
with conventional CDMA signals typically have a low 
spectrum efficiency unless high-order data modulations is 
also implemented. The total bit rate of the USADR FM-2 
system is about 384 kbit/sec and the baud interval is about 
500 microseconds. According to EIA data, the D/U ratios at 
the receiver POF threshold for co-channel, first-adjacent, 
and second- adjacent interference for the USADR FM-2 
system are about +40 dB, about +28 dB, and about +28 dB, 
respectively. These ratios are substantially larger than the 
FCC permitted ratios (+20 dB, +6 dB, and -20 dB, respec- 
tively), and substantially larger than the corresponding 
FM-1 system ratios (+7 dB, +22 dB, -2 dB, respectively), so 
that the coverage of the USADR FM-2 IBOC DAB system 
may be very poor when compared to the existing analog 
FM-band signal coverage and the coverage possible with the 
FM-1 IBOC DAB system. Thus, the FM-2 system appears 
to be undesirable for DAB. 
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[0063] The remaining EBOC DAB systems described in 
the EIA CEG report were submitted by AT&T Corporation 
in cooperation with Amati Communications. These systems 
are "AT&T Amati LSB" and the revised system "AT&T 
Amati DSB Rev B*\ Both systems use Coded Orthogonal 
Frequency-Division Multiplexing (COFDM), also known as 
Discrete Multitone (DMT) modulation. In COFDM, a plu- 
rality of narrowband orthogonal subcarriers signals are 
simultaneously transmitted. The simultaneous multiplex 
allows for the use of a long signaling interval for each 
individual subcarrier without adversely affecting the system 
bit rate throughput- Because the bandwidth of each subcar- 
rier is very narrow (typically between about 1 kHz and about 
15 kHz), the effects of multipath fading may be modeled as 
a flat-fade for each subcarrier even when the multipath has 
specular characteristics. In COFDM, the long signaling 
interval includes an amount of time known as the "guard 
interval". When the RF channel multipath delay spread is 
within the guard interval, then the deleterious effects of 
intersymbol interference are substantially mitigated. 

[0064] In the AT&T/Amati IBOC DAB systems, the 
COFDM signal is generated in the upper and/or lower 
sideband regions around the analog FM-band signal, as in 
FIG. 1. The total occupied bandwidth, including the analog 
FM-band signal, is about 400 kHz. The primary difference 
between the two AT&T/Amati system configurations is that 
in the AT&T/Amati LSB system, only one of the sideband 
signals is transmitted (i.e. either the upper or lower side- 
band), while in the AT&T Amati DSB system, COFDM 
signals in both the upper and lower sidebands, with different 
encoded source bit information, are transmitted. In the 
AT&T/Amati DSB, the upper and lower sideband signals are 
unrelated; in other words, the sidebands convey different 
encoded source bit information. In both configurations, the 
baud symbol rate is about 4 kHz. According to the proponent 
self-description, the total bit rate is 192 kbit/sec, and there 
are about 18 COFDM subcarrier signals in the AT&T/Amati 
single-sideband (LSB) system. The total bit rate is 256 
kbit/sec, and there are 32 COFDM subcarrier signals in the 
AT&T/Amati double-sideband (DSB) system. The co-chan- 
nel, first- adjacent, and second-adjacent D/U ratios for IBOC 
DAB receiver POF threshold are about +15 dB, about +38 
dB, and about -2 dB (worst case), respectively, for the 
AT&T Amati LSB system. Both the first-adjacent and sec- 
ond-adjacent D/U ratios are significantly worse (greater) 
than the FCC permitted interference ratios of +6 dB and -20 
dB, respectively. However, the AT&T Amati LSB system 
has the advantage that it is insensitive to large amounts of 
first-adjacent interference when the frequency offset of the 
first-adjacent source has a polarity opposite to the frequency 
offset of the one sideband (either upper or lower) which is 
transmitted. For example, when the first-adjacent interfer- 
ence source is at +200 kHz (15 in FIG. 2), and when the 
IBOC DAB signal for the AT&T Amati LSB system is 
substantially confined to lower sideband 13, then the IBOC 
DAB signal may be robust against the effects of first- 
adjacent interference, even at high interference levels, 
because the IBOC DAB signal and the first- adjacent analog 
FM-band interference source are frequency-orthogonal. 
Unfortunately, in general, it is not possible to know at the 
transmitter system (which is where the single-sideband 
IBOC DAB signal is generated) whether the dominant 
source of first-adjacent interference at the receiver is due to 
an analog FM-band transmitter with a positive 200 kHz 



frequency offset or a negative 200 kHz frequency offset 
relative to the desired station's frequency because that 
determination depends upon the physical location of the 
IBOC DAB receiver (antenna). In a simplex system, such as 
analog FM-band and IBOC DAB, the transmitter is not 
aware of the receiver location. Furthermore, in such broad- 
cast communication systems, there are typically a large 
plurality of receivers at different locations. The different 
receivers are subject to varying RF propagation and inter- 
ference effects, so that the resulting D/U ratios, which are 
determined at the receiver, vary considerably. Another dis- 
advantage of this method is that other sources of interference 
which may be generated in the same frequency spectrum 
region as the single-sideband IBOC DAB signal, or which 
may affect said frequency spectrum region (e.g. multipath), 
could significantly disturb the IBOC DAB receiver. 

[0065] The AT&T/Amati DSB system (known as "AT&T 
Amati DSB") transmits different encoded source bit infor- 
mation in both the upper and lower sidebands. The perfor- 
mance of the revision of the AT&T/Amati system (known as 
"AT&T Amati DSB Rev. B") is significantly better than the 
originally submitted system, so that only the performance of 
the revised system is considered in this disclosure. The 
co-channel, first- adjacent, and second-adjacent D/U ratios 
for the IBOC DAB receiver POF for the revised AT&T 
Amati DSB Rev. B. system are about +9 dB, about +20 dB, 
and about -20 dB. When compared to the FCC D/U inter- 
ference levels, the co-channel D/U ratio for the AT&T/Amati 
DSB Rev B. system at POF is more than adequate (+9 dB 
versus +20 dB), and the second-adjacent ratio is just 
adequate (-20 dB versus -20 dB), without consideration of 
other effects, for example, multipath, which may cause 
further attenuation of the desired signal. However, the 
first-adjacent D/U ratio of +20 dB at the receiver POF stilt 
differs substantially from the +6 dB FCC-determined ratio. 

[0066] U.S. Pat. No. 5,359,625 to Vander Mey, et. al., 
describes a spread spectrum modulation system in which 
two sidebands are generated by modulating an RF carrier 
frequency signal with a baseband signal; the frequency 
spectrum of the baseband signal, which is a spread-spectrum 
signal, has a passband or bandpass frequency spectrum. In 
general, the amplitude modulation of an RF carrier signal by 
a non-zero frequency results in a RF signal with two 
identical frequency sideband signals with or without an 
unmodulated RF carrier frequency signal; known as double- 
sideband large carrier (DS-LC) or double-sideband sup- 
pressed carrier (DS-SC), respectively. 

[0067] A disadvantage of amp li rude- modulation systems 
for IBOC DAB is that the demodulation method for ampli- 
tude-modulation, which involves multiplying (mixing) the 
received signal by the RF carrier signal, inherently combines 
both sideband signals in determining the baseband signal. 
Combining the sideband signals in the receiver when one of 
the sidebands is substantially disturbed may result in a much 
lower signal-to-noise ratio (SNR) than if one (disturbed) 
sideband signal is discarded. The use of amplitude modu- 
lation alone precludes the representation of different 
encoded source bit information in the upper and lower 
sideband signals at the same instant in time. 

[0068] U.S. Pat. No. 5,369,800 to Takagi, et. al., describes 
a communication system with identical upper and lower 
sideband waves (signals). The identical sideband signals are 
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generated by mixing signals with different frequencies in the 
transmitter system. In the corresponding receiver system, a 
diversity section determines whether to select between one 
of the incoming upper or lower sideband waves (signals) or 
to synthesize a wave from the combination of waves. The 
'800 system has frequency diversity through the duplication 
of sideband signals in contradistinction to the duplication of 
encoded source bit information. Duplication of sideband 
signals does not necessarily imply duplication of the 
encoded source bit information, for example, when the 
bit-to-symbol mapping for the upper and lower sideband 
signals is not the same. A disadvantage of the '800 system 
transmitter is that identical upper and lower modulated 
sideband signals precludes the use of time diversity across 
the upper and lower sidebands, in which case the sideband 
signals are not the same at an instant in time. Another 
disadvantage of the '800 system receiver is that the diversity 
section in the receiver precedes demodulation and decoding 
of the source bit information. As described previously, a 
small difference in SNR values may result in a large differ- 
ence in decoded bit error rates, and it may be difficult to 
accurately determine the effective SNR with sufficient pre- 
cision without use of information obtained after demodula- 
tion. Furthermore, the '800 system selects the sideband 
signal with the greater magnitude. For IBOC DAB, large 
amounts of interference in a sideband may result in a large 
apparent sideband signal, the selection of which is disad- 
vantageous. 

[0069] U.S. Pat. No. 5,265,122 to Rasky, et. al., describes 
a receiver with antenna diversity. As described previously, 
multiple receiving antennas (branches) may not be practical 
for many IBOC DAB receivers. The primary advantage of 
antenna diversity is the reduction of the deleterious effects of 
flat-fading and not the reduction of the effects of sideband 
interference and frequency-selective fading. The '122 
receiver system implements a "max-ratio" diversity com- 
biner or "selection" diversity combiner. The combiner 
weighting parameters are adjusted using coefficients deter- 
mined from the re -encoding of decoded codewords. 

[0070] U.S. Pat. No. . 5,157,672 to Kondou, et. al, 
describes an interference detection method for use in an 
antenna diversity system in a receiver. The disadvantage of 
antenna diversity for IBOC DAB was described previously. 
The '672 system determines whether or not there is a 
substantial amount of interference in a received signal which 
has been convolutionally encoded by comparing the mini- 
mum difference between path metrics, determined by Viterbi 
decoding, to a predetermined value. A disadvantage of the 
'672 system is that for convolutional codes with large 
constraint (K), the minimum difference in path metrics is 
determined over all 2 K_1 code states, which may be a 
substantial number of states. 

[0071] Accordingly, it is apparent from the above that 
there exists a need in art for a method and system for IBOC 
DAB which: (i) is able to operate with large amounts of 
either upper-sideband or lower-sideband first-adjacent inter- 
ference without a priori knowledge of which sideband is 
most adversely affected; (ii) is able to operate with large 
amounts of second-adjacent interference; (iii) is robust 
against the effects of multipath, particularly short-duration 
flat-fading; and (iv) provides sufficient bit rate throughput 
for high quality audio and/or ancillary data services. 



SUMMARY OF THE INVENTION 

[0072] This invention fulfills the above-described needs in 
the art by providing a method and system for the transmis- 
sion and reception of an IBOC DAB signal. The transmitter 
system of the invention generates a digitally-modulated RF 
.signal which conveys source bit information, representing a 
digital audio signal together with ancillary data. The IBOC 
DAB signal is a composite of two further digitally-modu- 
lated signals which occupy the upper and lower sideband 
frequency regions, respectively. The source bit information 
is conveyed redundantly through replication of the encoded 
source information by modulating signals in both the upper 
and lower sidebands with the same encoded codeword. The 
upper and lower sideband regions are located around the 
conventional analog FM-band signal and occupy the fre- 
quency region from about a ±100 kHz frequency offset to 
about a ±200 kHz frequency offset from the analog FM-band 
channel's center frequency. In certain embodiments, the 
IBOC DAB upper and lower sideband composite signals are 
approximately confined within the analog FM-band RF 
spectrum emission mask by limiting the transmitted IBOC 
DAB signal power. 

[0073] The emitted IBOC DAB RF signal is the linear 
summation of a composite upper sideband signal and a 
composite lower sideband signal. The spectrum of each of 
the two composite IBOC DAB sideband signals in the sum 
is substantially confined to either the upper sideband region 
(to be known as the upper sideband composite signal), at a 
frequency offset of between about +100 kHz and +200 kHz, 
or the lower sideband region (to be known as the lower 
sideband composite signal) at a frequency offset of between 
about -100 kHz and -200 kHz. Each of the upper and lower 
sideband composite IBOC DAB signals may be a further 
composite of one or a plurality of simultaneously transmit- 
ted and synchronous subcarrier signals. When the spectrum 
of each of the two composite sideband signals is substan- 
tially confined within one of the sidebands, the spectrum of 
each subcarrier signal is similarly confined. The subcarrier 
signals are distinct. In certain embodiments, the subcarrier 
signals are orthogonal or approximately orthogonal (sub- 
stantially orthogonal) and are transmitted synchronously 
with about the same signal extent and alignment of signal 
intervals. The subcarrier signals in the upper sideband 
composite signal are frequency-orthogonal to the subcarrier 
signals in the lower sideband composite signal because of 
the frequency separation of about 200 kHz between the 
upper and lower sideband regions. The subcarrier signals are 
also approximately frequency-orthogonal to the analog FM- 
band signal except for transient interference caused by 
high-order nonlinear FM harmonics. 

[0074] The spectrum of each of the subcarrier signals for 
both the upper and lower sideband composite signals may be 
either narrowband or wideband. When the subcarrier signal 
is narrowband, the spectrum is wideband, according to the 
invention, the spectrum of each subcarrier is still substan- 
tially confined within one of the sidebands. When the 
subcarrier signal spectrum is wideband, the spectrum of the 
composite of the upper (lower) subcarrier signals is sub- 
stantially confined with the upper (lower) sideband region. 
The subcarrier signal generators which emit the narrowband 
or wideband subcarrier waveforms may be implemented 
with conventional memory and multiply/accumulate elec- 
tronic devices. In certain embodiments, wideband signals 



07/01/2004, EAST Version: 1.4.1 



US 2001/0050926 Al 



15 



Dec. 13, 2001 



are mapped onto narrowband OFDM signals. Each subcar- 
ricr signal conveys a fraction of the total source bit infor- 
mation from the transmitter to one or a plurality of receivers 
according to the data modulation of the subcarrier signal. In 
order to accommodate the typical bit rate throughput 
requirements of IBOC DAB, the source bit efficiency of the 
transmitted signal (i.e. not including the bits required for the 
error correction code redundancy, synchronization and/or 
equalization) over the plurality of simultaneously transmit- 
ted subcarrier signals in either one, but not considering both 
sidebands at once, is between about one source bit per 
second per Hertz (1 bit/sec/Hz) and three source bits per 
second per Hertz (3 bits/sec/Hz) 7 and preferably about two 
(2) source bits/sec/Hz in certain embodiments. When the 
digital audio representation requires about 128 kbit/sec for a 
stereo near CD-quality audio signal, the throughput of the 
IBOC DAB system for an exemplary embodiment is about 
200 kbit/sec, so that a reasonable amount of ancillary data 
throughput (about 64 kbit/sec) is available. The correspond- 
ing encoded bit rate throughput of the transmitter system, 
including the redundancy bits for error correction coding, is 
about 300 kbit/sec for the composite sideband subcarrier 
signals in each of the upper and lower sidebands so that an 
average rate 2 A error correcting code may be accommodated. 
Substantially redundant encoded source bit information is 
transmitted by data-modulating the upper and lower side- 
band signals separately at about 300 kbit/sec so that the total 
throughput for both sidebands together is about 600 kbit/sec. 
The subcarrier signals in each of the upper and lower 
sideband composite signals are modulated by the encoded 
source bit information to generate a plurality of phase and/or 
amplitude states for each subcarrier signal, which is constant 
for the duration of the subcarrier signal baud interval. In 
certain embodiments, the subcarrier signals in each sideband 
are considered as narrowband or wideband signal pairs. In 
each signal pair, one subcarrier signal is labeled as the 
in-phase (I) signal and the other is the quadrature (Q) signal. 
For wideband signals, the labels "in-phase" and "quadra- 
ture" are arbitrary and have no specific meaning since the 
signals are orthogonal, but are not, in general, phase -or- 
thogonal. In certain embodiments, for each baud interval, 
each subcarrier pair is modulated with one of two kinds of 
4-ary phase-shift-keying (4-ary PSK) according to a "selec- 
tion" bit. Each subcarrier pair represents three encoded bits 
in each baud interval; one selection bit and two "phase" bits 
which determine the specific 4-ary PSK state. The selection 
and phase bits may be equally error protected with an 
average rate 2 /i ECC code. However, in certain circum- 
stances, it is advantageous to encode the selection bits with 
additional ECC redundancy compared to the phase bits, for 
example rate l A ECC coding for the selection bits and rate 
% ECC coding for the phase bits, so that the average ECC 
code rate is still about 2 h. In another embodiment, the 
subcarrier signals are narrowband orthogonal signals and are 
modulated by phase-modulation, for example, as in the 
known modulation method ofXOFDM. According to the 
invention, in said embodiment, the narrowband COFDM 
quadrature subcarrier signal pairs are modulated with 8-ary 
phase-shift keying (8-ary PSK) and rate Vi ECC encoding. 
ECC coding methods which may be implemented include, 
but are not limited to: rale 2 A Gray coding with block 
(multiple-bit and binary) and convolutional coding; 8-ary 
PSK, 2 bits/sec/Hz Ungerboeck trellis coding; and 8-ary 
PSK, 2 bits/sec/Hz pragmatic trellis coding, which is the 



combination of partial Gray code bit-to-symbol mapping, 
half-plane set partitioning, and binary convolutional coding. 
These coding methods may be implemented even when the 
subcarrier signals are wideband, in which case the subcarrier 
signals within a sideband are arbitrarily organized as 
orthogonal signal pairs. 

[0075] In the transmitter system of the invention, the 
composite sideband signals may be transmitted with 
approximately the same transmitted power for each com- 
posite sideband signal, or with different amounts of power 
for the upper sideband composite signal and lower sideband 
composite signal. In circumstances when the frequency 
offset of a substantial source of interference (e.g. first- 
adjacent) is known and where the deleterious effects of said 
interference are substantially independent of the receiver 
location within the desired coverage contour, the sideband 
which is most deleteriously affected may be, but is not 
necessarily, transmitted with either i) an increased amount of 
power relative to the other sideband signal in order to 
attempt to overcome the amount of interference or ii) a 
decreased amount of power in order to maximize the power 
available in the remaining sideband (which is less likely to 
be adversely affected by the known interference source). 

[0076] In many embodiments, the transmitted source bit 
information represents a digital audio signal together with 
ancillary digital data. The source bit information is encoded 
with an error correction code (ECC) in the transmitter 
system in order to generate a plurality of ECC codewords. 
Each ECC codeword is composed of a predetermined plu- 
rality of ECC codeword bits. Groups of one or a plurality of 
ECC codeword bits are used to data-modulate the subcarrier 
signals in each subcarrier baud interval. The length of the 
ECC codeword in bits is typically larger than the number of 
bits which are conveyed in a single composite sideband 
subcarrier signal, so that the ECC codeword represents a 
plurality of signal baud intervals. Convolutional and/or 
block ECC coding, including combinations thereof (e.g. 
concatenated coding, and "turbo" coding) may be imple- 
mented. Since the ECC codeword has a predetermined bit 
length, when convolutional codes are implemented in the 
transmitter and receiver systems (which are in general of 
indefinite-length), the sequence of source bits for each 
codeword is terminated with a predetermined data pattern, 
for example, binary zeroes, prior to ECC encoding with the 
convolutional code. In certain embodiments, the ECC code 
rate is between about l A and about 3 /4, preferably with an 
average ECC rate of about 2 A. In the transmitter system, each 
encoded ECC codeword is organized into groups of bits to 
be conveyed for a particular signal baud. The groups of bits 
may be further subdivided into additional subgroups of one 
or a plurality of bits. Each bit or subgroup of bits is used to 
data-modulate at least two subcarrier signals in each signal 
baud; one of the upper sideband subcarrier signals and one 
of the lower sideband subcarrier signals. Thus, the informa- 
tion in each codeword is represented by both a upper 
sideband composite signal and a lower sideband composite 
signal over one or a plurality of baud intervals. In many 
embodiments, the size of the bit subgroup is three (3) bits, 
which are used to modulate pairs of upper sideband signals 
and pairs of lower sideband signals by 8-ary modulation. 

[0077] In order to facilitate synchronization between the 
transmitter and the receiver system, two reference signals 
may be simultaneously transmitted together with the data- 
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modulated sideband composite signals. The spectrum of 
each of the two reference signals is substantially confined to 
either the upper or the lower sideband region. The two 
reference signals are required to be in different sideband 
regions. In certain embodiments, the two reference signals, 
which are summed together, are each confined to different 
(upper or lower) sideband regions. Thus, each of the upper 
(lower) sideband composite signals has an associated upper 
(lower) reference signal, which is confined with the same 
sideband. The spectrum of the reference signals may be 
narrowband (e.g. pilot tones) or wideband, substantially 
within the particular sideband region. 

[0078] Each bit or group of bits within each ECC code- 
word is represented by the modulated state of both one or a 
plurality of upper sideband subcarrier signals and one or a 
plurality of lower sideband subcarrier signals. In certain 
embodiments of the transmitter system, prior to data modu- 
lation of the subcarrier signals by the ECC codewords, a 
replica of each of the ECC codewords to be transmitted 
redundantly is generated and delayed by an amount of time 
which is significantly larger than the expected time-duration 
of a deleterious event, for example, the duration of a 
flat- fade. In general, the required amount of time depends 
upon the expected receiver velocity, but a delay between 10 
ms (milliseconds) and 500 ms may be adequate in many 
circumstances. The delayed replica of the ECC codeword is 
used to modulate either the upper (lower) sideband subcar- 
rier signals over a plurality of baud intervals, while the 
original (i.e. non-delayed) ECC codeword is used to modu- 
late the remaining lower (upper) sideband subcarrier signals. 
As a result, the redundant upper and lower sideband com- 
posite signals which correspond to a specific transmitted 
ECC codeword may be transmitted at substantially different 
instances in time (diversity delay). Furthermore, prior to 
data modulation and generation of the delayed ECC code- 
word replica, the bits within one or a plurality of consecutive 
ECC codewords are bit-interleaved or symbol-interleaved, 
depending upon the ECC method, so that after correspond- 
ing deinterleaving in the receiver, the probable error events 
across consecutive bit or symbol boundaries within the 
interleaver length are approximately uncorrelated. In certain 
embodiments, the amount of time which corresponds to the 
interleaver length is equal to or less than the amount of the 
diversity delay. In time delay embodiments, in the receiver, 
the redundant source bit information is received at the same 
time because of the diversity delay compensation. However, 
the redundantly-modulated sideband signals are not received 
at the same time due to the delay in the transmitter. 

[0079] In the receiver system of the invention, the received 
signal, which represents both upper and lower sideband 
signals combined together with noise, distortion, and inter- 
ference, is demodulated to determine ECC codeword esti- 
mates. The demodulation of the upper sideband composite 
signal is independent of the demodulation of the lower 
sideband composite signal except that the signal intervals 
are known to be synchronous because of the transmitter 
invention. In certain embodiments, synchroni2ation is 
accomplished with separate implementations of the baud 
clock and carrier frequency recovery algorithms for the 
upper and lower sideband composite signals, which may 
make use of the distinct transmitted reference signals for 
each sideband. However, because of the common timing for 
the upper and lower sideband signals, baud synchronization 



for only either the upper sideband composite signal or the 
lower sideband composite signal is needed. 

[0080] Each transmitted codeword is represented by a 
redundant composite sideband subcarrier signal in the upper 
and lower sidebands over a plurality of baud intervals. In 
certain embodiments, the redundant codewords are sepa- 
rated in time by the diversity delay. In the receiver system 
of the invention, two codeword estimates for each transmit- 
ted codeword are determined; one codeword estimate from 
demodulation of the upper sideband signals over a plurality 
of baud intervals and one codeword estimate from the 
demodulation of the lower sideband signals over a plurality 
of baud intervals. When a replica of the ECC codeword for 
use in the data-modulation of the upper (lower) sideband 
composite signals has been delayed in the transmitter system 
(i.e. diversity delay), the receiver system implementation 
includes a delay of the same amount of time after the 
demodulation of the lower (upper) sideband composite 
signals, so that the two redundant codeword estimates which 
correspond to the same transmitted codeword (and conse- 
quently the same source bit information) may be compared 
at about the same time. 

[0081] According to the invention, the receiver system 
determines two codeword estimates for each transmitted 
codeword because of the replication of the codeword for use 
in the data modulation of both the upper and lower sideband 
composite signals. The receiver system either i) combines 
the two (i.e. upper and lower sideband signal) codeword 
estimates together to form one estimate, which is then 
decoded or ii) selects one of the two decoded estimates, 
thereby discarding the remaining decoded estimate, in order 
to determine the received decoded codeword estimate which 
is less likely to be erroneous (i.e. having one or a plurality 
of bit errors in the decoded source bit information). The 
determination between pairs of received and demodulated 
codewords is made on a codeword-by-codeword basis and 
does not require a priori knowledge of which transmitted 
codeword (i.e. corresponding to the upper or lower sideband 
signals) is more likely to have been perturbed by noise, 
interference, or RF propagation channel distortion, such as 
multipath. The determined decoded codeword estimate for 
each pair of ECC codewords is the estimate of the source bit 
information which may be further decoded by the appropri- 
ate known source -decompression methods (e.g. decoding of 
digital audio by MPEG layer II decompression). 

[0082] For each pair of received codeword estimates, the 
receiver system combines codeword estimates or selects 
between decoded codewords by determining a metric which 
corresponds to the probability of error in each of the decoded 
codeword estimates. In certain embodiments, the metric is 
computed by ECC decoding some or all of the bits for both 
received codeword estimates and then re-encoding the two 
decoded estimates to re -gene rate the pair of ECC code- 
words. The number of differences in bit positions (i.e. the 
Hamming distance) between each of the re-encoded esti- 
mates and the corresponding received estimate, prior to 
decoding and re-encoding, is approximately proportional to 
the bit error rate (BER) for the codeword prior to decoding. 
When the determined BER estimates for the two codeword 
estimates are substantially different, the receiver system 
selects the decoded codeword from the pair with the lower 
BER (smaller Hamming distance) for propagation as the 
most probable source bit information for that codeword. In 
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certain embodiments of the receiver, when the BER estimate 
is substantially equal for both codewords in each pair, the 
codeword estimates are combined in order to increase the 
signal-to-noise ratio (SNR) since the redundant contribu- 
tions add approximately coherently and the noise contribu- 
tions add approximately incoherently. In this circumstance, 
the combined codeword estimate is then ECC decoded to 
generate the source bit message estimate for the codeword. 
Since the error metrics are not determined until after first 
decoding the upper and lower codewords separately, this 
requires a second decoding step. In certain embodiments of 
the invention, instead of determining the error metric by 
comparing the bit differences between the codeword and 
re-encoded codeword estimate after ECC decoding, when 
convolutional encoding is implemented with maximum- 
likelihood Viterbi decoding, the accumulated Viterbi algo- 
rithm branch metrics for the terminal state of each codeword 
are compared. The terminal state of each codeword is known 
without ambiguity in the receiver because of the finite- 
length codewords in the transmitter invention. When the 
difference between accumulated Viterbi algorithm branch 
metrics for the upper and lower codeword estimates is small, 
the codewords may be combined and re-decoded. When the 
difference in branch metrics is substantial, the decoded 
codeword with the smaller branch metric sum is propagated 
as the source bit estimate. In embodiments where the upper 
and lower sideband codewords are combined when the error 
metrics are sufficiently similar, the bit estimates which 
constitute the codeword may be combined (summed) 
directly or the demodulator samples (e.g. correlation sums 
determined by matched filtering and sampling) may be 
combined (summed), and the combined codeword estimate, 
to be decoded, determined from the combined demodulator 
samples (information), depending upon the modulation 
method. 

[0083] According to the invention, the duplicate represen- 
tation of the encoded source bit information in both the 
upper and lower sidebands independently causes the system 
to have the advantage of frequency diversity. The frequency 
diversity is effective at combating large amounts of inter- 
ference which may be generated by dominant first- adjacent 
interference or dominant second-adjacent interference with 
associated IBOC DAB signal because, in these circum- 
stances, the spectrum of only one of the two sideband 
composite signals (i.e. either upper or lower sideband signal) 
is significantly occluded by the interference, even when the 
D/U ratio is very small. Thus, the unaffected sideband 
composite signal may be separated from the disturbed 
composite signal by bandpass-filtering, which is automati- 
cally accomplished by the subcarrier correlation demodula- 
tion, and the source bit information is accurately recovered 
in the receiver. 

[0084] In certain circumstances, a further advantage of the 
invention is the time-diversity across side bands caused by 
transmitting the duplicate codewords, which are conveyed 
from the transmitter to the receiver as data-modulated sub- 
carrier signals, at different times, in each of the upper and 
lower sidebands. When the separation in time between the 
transmitted redundant codewords is large compared to the 
expected RF channel correlation time interval, then the error 
rates for the two codeword estimates which are determined 
in the receiver for the corresponding redundant upper and 
lower sideband composite signals may be approximately 
unrelated, unless the receiver is not in-motion. Thus, even 



when deleterious interference, noise, and/or distortion 
affects both the upper and lower sideband composite signals 
simultaneously, when the duration of the impairment is short 
compared to the diversity delay implemented in the system, 
one of the two sideband composite signals corresponding to 
the same source bit information may be substantially unaf- 
fected due to the delay. In general, the advantage of time- 
diversity is more significant in combating the deleterious 
effects of flat-fade multipath than the effects of interchannel 
interference, while the frequency-diversity is more effective 
at combating interchannel interference and frequency-selec- 
tive multipath. 

BRIEF DESCRIPTION OF THE DRAWINGS 

[0085] FIG. 1 is a prior art graphical representation of the 
frequency spectrum and RF emission mask for conventional 
analog FM-band broadcast which shows the upper and lower 
sideband regions located around the analog FM-band signal. 

[0086] Prior art FIG. 2 is a graphical representation of the 
deleterious interchannel interference circumstance which 
occurs when there is a substantial overlap in frequency 
spectrum between the upper sideband and the analog FM- 
band signal from a first-adjacent analog FM-band signal 
with a positive-frequency offset. 

[0087] Prior art FIG. 3 is a graphical representation of the 
deleterious interchannel interference circumstance which 
occurs in the second- adjacent circumstance, when there are 
two simultaneous analog FM-band signals and associated 
IBOC DAB signals at positive and negative 400 kHz fre- 
quency offsets. 

[0088] FIG. 4 is a block diagram of an IBOC DAB 
transmitter and system for combining the generated IBOC 
DAB signal and the conventional analog FM-band signal 
with a common apparatus for high-power amplification and 
emission according to an embodiment of this invention. 

[0089] FIG. 5 is a block diagram of the implementation of 
each of the upper and lower sideband composite signal 
modulators in the FIG. 4 transmitter system when each 
composite signal is composed of a plurality of simulta- 
neously transmitted subcarrier signals. 

[0090] FIG. 6 is a representation of the frequency-domain 
coefficient sequence which is generated in an embodiment of 
the FIG. 4 transmitter system for narrowband subcarrier 
signals and ODFM modulation. 

[0091] FIG. 7 is a block diagram of each of the FIG. 5 
subcarrier group modulators in the transmitter system when 
each pair of subcarriers is transmitted with one of two kinds 
of 4-ary PSK modulation, including a selection bit and two 
phase bits, according to the Table 1 bit-to-symbol mapping. 
This embodiment is also applicable for other bit-to-modu- 
lation symbol mappings, for example, trellis and pragmatic 
trellis encoding, but with ordering different from that shown 
in Table 1. 

[0092] FIG. 8 is a block diagram of an embodiment of the 
transmitter when the subcarrier signals are wideband accord- 
ing to an embodiment of this invention. Each subcarrier 
signal is mapped to a plurality narrowband modulated 
OFDM signals, and the upper and lower sideband composite 
signals are generated simultaneously with IFFT processing. 
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[0093] FIG. 9 is a block diagram of the IBOC DAB 
receiver system of the invention which corresponds to the 
FIG. 4 transmitter system with dynamic codeword diversity 
selection. 

[0094] FIG. 10 is a block diagram of each of the upper 
sideband composite signal demodulator and lower sideband 
composite signal demodulator in the FIG. 9 receiver system 
for a plurality of subcarrier signals. 

[0095] FIG. 11 is a block diagram of the subcarrier 
correlators for each of the subcarrier group demodulators in 
the FIGS. 9-10 receiver of the invention when the subcar- 
riers are orthogonal signal pairs and are demodulated by 
sampled matched filter correlation processing. 

[0096] FIG. 12 is a block diagram of the bit estimators in 
the FIG. 9-11 receiver system of the invention for the FIG. 
7 subcarrier group modulator transmitter embodiment and 
when the subcarrier pairs are data-modulated according to 
the Table 1 bit-to-symbol mapping, including a selection bit 
and two phase bits. 

[0097] FIG. 13 is a block diagram of the codeword 
diversity selector in the FIG. 9 receiver system when the 
determination to select between upper and lower sideband 
codeword estimates (or to combine estimates and decode) is 
made by counting the number of differing bit positions 
between each of the codeword estimates and the codewords 
generated after ECC decoding and re-encoding. 

[0098] FIG. 14(a) is a block diagram of the codeword 
diversity selector in the FIG. 9 receiver system when the 
determination to select between upper and lower sideband 
codeword estimates (or to combine estimates and decode) is 
made by comparing the accumulated branch metrics com- 
puted in the Viterbi decoding algorithm at the known ter- 
minating state, for convolutional codes. 

[0099] FIG. 14(b) is a block diagram of the upper and 
lower sideband bit estimators, ECC decoders and the code- 
word diversity selector in the FIG. 9 receiver system when 
the subcarriers within each sideband are orthogonal, orga- 
nized as pairs, and modulated with rate 2 A 8-ary PSK 
pragmatic trellis coded modulation (PTCM). The determi- 
nation whether to select between decoded bit estimates or to 
combine upper and lower sideband correlation sums and 
decode is made by comparing the accumulated branch 
metrics computed in the Viterbi decoding algorithm for the 
encoded source bits. 

[0100] FIG. 15 is a block diagram of an embodiment of 
the upper and lower sideband composite signal demodula- 
tors when the subcarrier signals are wideband, but where the 
received signal is demodulated by transformation to a set of 
frequency-domain coefficients with FFT processing and 
subsequent mapping to a set of state coefficients and bit 
estimates for the wideband subcarrier signals. FIG. 15 is the 
demodulator embodiment in the receiver system which 
corresponds to the FIG. 8 IBOC DAB composite signal 
generator in the transmitter system. 

[0101] FIG. 16 is a graph which shows the two kinds of 
4-ary PSK signal constellations which are transmitted in the 
FIG. 7 subcarrier modulator embodiment and received in 
the FIGS. 11-12 subcarrier demodulator and bit estimator; 
constellation points are determined by one selection bit and 
two phase bits according to the Table 1 mapping. The FIG. 



16 constellation points are also applicable for Gray-code 
encoding according to Table 2. 

DETAILED DESCRIPTION OF CERTAIN 
EMBODIMENTS OF THIS INVENTION 

[0102] Referring now more particularly to the accompa- 
nying drawings in which like reference numerals indicate 
like parts throughout the several views. 

[0103] FIG. 4 is a block diagram of a transmitter system 
according to an embodiment of the invention. Source mes- 
sage 37 is the digital information (bits) to be conveyed from 
the transmitter to one or a plurality of receiver systems by 
the generation, propagation, reception, and determination of 
an RF signal. In certain embodiments, source message 37 is 
digital data which represents an encoded digital audio sig- 
nal, preferably stereo and near-CD quality, together with 
ancillary data. Specific implementations of the encoding and 
decoding of the digital audio signal and the ancillary data are 
known, for example, by the MPEG layer II audio decoding 
algorithm. In certain embodiments, the source message bit 
rate throughput for the digital audio signal together with the 
ancillary data is at least about 128 kbit/sec, and preferably 
about 200 kbit/sec, where about 128 kbit/sec is needed for 
the digital audio signal and about 64 kbit/sec for the ancil- 
lary data. The division of the total bit rate throughput among 
digital audio signal bits and ancillary data bits is arbitrary 
and may vary dynamically; in other words, the amount of bit 
information for the digital audio signal may increase or 
decrease, depending upon the complexity of the audio 
signal, which facilitates a corresponding decrease or 
increase in the available ancillary data. Suitable algorithms 
and their implementations which are able to encode and 
decode near CD-quality stereo audio at low bit rates are 
known and include ISO MPEG-2 layers II and III, MPEG-2 
NBC, MPEG-4 audio, AT&T PAC, and Dolby AC-3, refer- 
enced previously. 

[0104] Source message 37 is optionally scrambled by bit 
scrambler 39. Bit scrambler 39 eliminates long consecutive 
runs of binary digits zero and one and causes binary digits 
zero and one to have approximately equal probabilities of 
occurrence after scrambling. The function of scrambler 39 is 
used in certain embodiments because certain types of error 
correction coding, synchronization, and/or equalization 
methods presume that the transmitted data is approximately 
random for optimum performance. Scrambler 39 is typically 
implemented by multiplying source message 37 by certain 
types of binary polynomials and summing using binary 
arithmetic. The binary polynomials are typically known as 
m-sequences (also PN-sequences and maximal-length 
sequences) [reference: W. T. Webb and L. Hanzo. Modem 
Quadrature Amplitude Modulation. London: Pen tech Press, 
Ltd., 1994, pp. 266-268]. Scrambling algorithms may often 
be implemented with hardware devices known as linear- 
feedback shift registers (LFSR). The scrambling process 
establishes a bijection between source message 37 and thee 
scrambled source message, which may be reversed in the 
receiver system to recover the source message. In certain 
embodiments, not all of the source message bits to be 
transmitted have the same relative importance. This occurs, 
for example, in digital audio encoding with compression. 
Bits associated with header data fields and scale-factors may 
be more important than some bits associated with lessor 
magnitude information. The "importance" of a bit is an 
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indication of the expected receiver performance when an 
error occurs in the determination of said bit. When an error 
in a particular bit may cause substantial degradation of the 
receiver performance, then that bit is considered as more 
important than some other bit whose erroneous determina- 
tion results in less severe degradation. Bits of substantially 
differing importance are required to be scrambled sepa- 
rately; in other words, with separate implementations of the 
scrambling process. Otherwise, the error rate of high impor- 
tance bits and low importance bits may be coupled together 
as the result of the scrambling, which is generally undesir- 
able, because of the interrelationship between bits created by 
the scrambling polynomial. 

[0105] After scrambling 39, redundancy is added to the 
scrambled source bit information by error correction code 
(ECC) encoder 41. ECC encoder may either generate addi- 
tional binary digits which are appended to the scrambled 
source message, known as "systematic" encoding, or gen- 
erate an entirely different message, known as "nonsystem- 
atic" encoding. The length of the encoded message in bits is 
made larger than the scrambled source message by the 
amount of redundancy. "ConvolutionaT ECC encoding 
methods [reference: A. J. Viterbi, "Convolutional codes and 
their performance in communications systems,"/EEE Trans- 
actions on Communications, Vol. 19, No. 5, pp. 751-772, 
October 1971], "block" ECC encoding methods, and com- 
binations thereof known as "concatenated" ECC encoding 
methods, and "turbo" ECC encoding methods are suitable in 
certain embodiments. 

[0106] According to the invention, the resulting ECC 
codewords are of a predetermined size in bits, and thus have 
specific codeword boundaries. This is the case with block 
ECC encoding using Reed-Solomon or BCH block codes, 
for example, because the construction of the codeword has 
a specific characteristic bit length. For block codes, the 
codeword length is equal to the characteristic ECC block 
code length, or a shortened version thereof. However, con- 
volutional encoding is typically a continuous encoding pro- 
cess, and there are not well-defined block boundaries. In 
order to use convolutional encoding with the invention, the 
convolutional codeword is terminated at a predetermined 
length. The scrambled source message is divided into groups 
of bits to be transmitted in each distinct codeword. Each 
group of bits is terminated with a number of predetermined 
binary digits prior to ECC encoding in the transmitter 
system so that the terminal state of the encoder is known 
without ambiguity for each codeword. For example, for a 
binary rate 1/n convolutional code with an input constraint 
length of K bits, K-l binary zeroes are appended to each 
group of source bits to be encoded as a single ECC code- 
word. The terminating binary digits do not convey user 
information and so they represent bit rate overhead. As a 
result, it is desirable that the length of the encoded convo- 
lutional codeword be relatively long when compared to the 
length of the encoded terminating sequence, for example, a 
ratio (i.e. codeword length divided by the termination 
length) of greater than ten-to-one (10:1), preferably at least 
twenty-to-one (20:1). The ECC code rate expresses the bit 
rate overhead of the redundancy information. In certain 
embodiments of the invention, the average ECC code rate 
for each codeword, which is the average ratio between the 
number of source bits represented by the codeword and the 
corresponding number of bits in the ECC encoded codeword 



and/or trellis encoded codeword, is between about X A and 
preferably about average rate 2 A. 

[0107] In certain combined modulation and error correc- 
tion coding methods, not all source bits are encoded with an 
error correcting code. For example, in the known method of 
rate 2 h 8-ary pragmatic trellis coded modulation (PTCM) 
[reference: A. J. Viterbi, J. K. Wolf, E. Zehavi, and R. 
Padovani, "A pragmatic approach to trellis-coded modula- 
lion "IEEE Communications Magazine, Vol. 27, No. 7, pp. 
11-19, July 1989], for each pair of source bits, one bit is 
encoded with a rate X A binary convolutional code, resulting 
in two encoded bits, and the other bit is used to determine 
the signal half-plane in the trellis bit-to-symbol mapping 
only, and is otherwise uncoded. In this embodiment, it is 
found that the second (uncoded) bit in each pair of source 
bits (two encoded and one uncoded) is more susceptible to 
bit errors than the coded bits, despite the trellis modulation. 
In certain embodiments, this bit is further encoded with a 
high rate (close to one) code, for example, with at least a 
Hamming single-bit error correcting code. In general, the 
source bit in each pair which is the uncoded or minimally 
coded half-plane trellis bit for rate % PTCM is not used for 
high-importance source bit data. 

[0108] ECC encoding 41 may implement equal error pro- 
tection (EEP) or unequal error protection (UEP) methods. 
After ECC encoding 41, the encoded and scrambled source 
message bit information is a plurality of consecutive ECC 
codewords, each with a predetermined bit length. Optional 
interleaver 43 shuffles the bits within one or a plurality of 
consecutive ECC codewords. The shuffling process in inter- 
leaver 43 acts on groups of one or a plurality of bits within 
each codeword, depending upon the method implemented 
for ECC encoder 41. When the subgroup size is one bit, then 
for convolutional ECC methods and binary block codes, 
interleaver 43 shuffles consecutive bits. However, for Reed- 
Solomon block codes, for example, interleaver 43 shuffles 
groups of bits, known as "symbols", but preserves the bit 
order within each symbol. In certain circumstances, the 
symbol size is selected to correspond to the size of the 
primitive (or "characteristic") element for the block code. 
For a Reed-Solomon block code over the Galois field 
GF(2 8 ), the optimum symbol size is eight bits or an integer 
multiple thereof. In many embodiments, the subgroup size 
and consequently interleaver symbol size is 3 (three) bits or 
integer multiple thereof as in the case, for example, when 
implementing 8-ary modulation with average rate Z A ECC. 

[0109] The interleaver length in bits, known as an inter- 
leaver "frame", corresponds to an integer multiple of the 
ECC codeword length so that a codeword is not split across 
consecutive interleaver frames by the shuffling process. An 
interleaver may often be implemented with a shuffling- 
algorithm and random-access-memory (RAM) hardware 
[reference: J. L. Ramsey, ibid.]. The maximum interleaver 
length is typically limited by the amount of RAM available 
for the implementation and by the allowable system 
throughput delay. For IBOC DAB, it is desirable in certain 
embodiments that the acquisition time of the receiver be no 
more than about one second so that there is not a long delay 
when a listener switches between channels. As a result, the 
interleaver length in time is between about 10 milliseconds 
and 500 milliseconds, preferably equal to or less than about 
250 milliseconds. 
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[0110] The function of interleaver 43 is to substantially 
mitigate the probability of a strong correlation between the 
error probabilities of consecutively transmitted symbols 
determined at the receiver. The shuffling algorithm of the 
interleaver disperses transient bursts of consecutive bit 
errors over a longer time interval in order to cause a more 
uniform and random error distribution after corresponding 
deinterleaving in the receiver system. 

[0111] After interleaving 43, resulting bit sequence 51 
corresponds to consecutive groups of re-ordered (shuffled) 
ECC codewords. The re-ordered ECC codewords are used to 
data-modulate a set of subcarrier signals in each sideband, 
for example, as shown in the FIG. 7 subcarrier group 
modulator. In general, there are a plurality of subcarrier 
signals which are simultaneously transmitted and which 
have about the same signal interval length and which are 
synchronized. Each subcarrier signal conveys a fraction of 
the total bit rate throughput. In certain embodiments, the 
subcarrier signals are orthogonal or approximately orthogo- 
nal. According to certain embodiments, the frequency spec- 
trum occupied by each subcarrier signal is substantially 
confined to either the upper sideband region or the lower 
sideband region (e.g. 11 and 13, respectively, in FIG. 1), but 
not both. 

[0112] In certain embodiments, there are an even number 
of subcarrier signals, and half of the subcarrier signals have 
a spectrum which is substantially confined to the upper 
sideband region. These signals are defined as the "upper 
sideband group". Similarly, half of the subcarrier signals 
have a spectrum which is substantially confined to the lower 
sideband region, and these signals are defined as the 'lower 
sideband group". Each bit or group of bits in each re-ordered 
ECC codeword from interleaver 43 is used to modulate at 
least two subcarrier signals; one subcarrier signal from the 
lower sideband group and one subcarrier signal from the 
upper sideband group. In general, the length of the ECC 
codeword in bits is greater than the bit rate throughput of a 
single subcarrier signal in a single information baud. Thus, 
in order to convey all of bits in each ECC codeword, 
subcarrier signals from the upper sideband group and lower 
sideband group are data-modulated over a plurality of baud 
intervals. 

[0113] According to certain embodiments of the invention, 
each encoded bit determines the data-modulation of both 
one or a plurality of upper sideband subcarrier signals and 
one or a plurality of lower sideband subcarrier signals. An 
advantage obtained by modulating subcarrier signals from 
both the upper and lower sideband groups with the same 
ECC codeword is that said transmitter system has the 
advantage of frequency-diversity. Subcarrier signals in the 
upper sideband group are frequency-orthogonal to subcar- 
riers in the lower sideband group. Furthermore, the upper 
sideband frequency region is separated from the lower 
sideband frequency region by about 200 kHz. Thus, noise, 
distortion, and interference which is frequency-selective 
may, in certain circumstances, only deleteriously affect 
subcarrier signals in one of the sideband groups (i.e. either 
upper or lower). For example, in most circumstances, sig- 
nificant amounts of first- adjacent analog FM-band interfer- 
ence into the desired IBOC DAB signal, with very low 
resulting D/U ratios, due to spectrum overlap occurs only in 
either the upper or lower sideband region, but not both at 
once. Since substantially redundant source bit information is 



conveyed by signals in both sideband regions in the trans- 
mitter according to certain embodiments of this invention, 
the corresponding receiver system is able to recover the 
transmitted source bit information when signals from only 
one of the sideband regions may be accurately determined. 
A similar advantage occurs when multipath propagation 
deleteriously affects one of the sideband regions by causing, 
for example, significant loss of signal amplitude in either the 
upper or lower sideband regions but not both. The fre- 
quency-diversity also helps to mitigate second- adjacent 
IBOC DAB interference when the second-adjacent IBOC 
DAB signal has significantly larger received signal energy 
than the desired signal. Although the second-adjacent IBOC 
DAB signal may be approximately frequency-orthogonal to 
the desired IBOC DAB signal when the outer band-edges of 
the IBOC DAB signal do not extend beyond 200 kHz from 
the analog FM-band center frequency, there may be some 
amount of frequency overlap due to the transmitter and/or 
receiver nonlinearities and the finite transition bandwidth. 
Since, according to certain embodiments of the invention, 
reliable determination of the signals in only one of the two 
sidebands is needed for adequate IBOC DAB receiver 
performance, the effect of frequency overlap on either the 
upper or lower sideband regions by a dominant interfering 
second-adjacent IBOC DAB signal is less severe. This 
advantage facilitates the use of a slightly wider IBOC DAB 
signal bandwidth (e.g. an increase in the outer band-edge 
frequency by about 10 kHz to 20 kHz) in certain circum- 
stances, which may simplify the implementation of trans- 
mitter and receiver bandpass filtering by permitting a larger 
shape factor. 

[0114] The ECC codeword bits 51 are used to data- 
modulate the subcarrier signals for both sideband signal 
groups. In FIG. 4, the one or plurality of modulators for the 
subcarrier signals in the upper sideband group is shown as 
upper sideband composite signal generator 49. The one or 
plurality of modulators for the subcarrier signals in the lower 
sideband group is shown as lower sideband composite signal 
generator 47. The data-modulated subcarrier signals for the 
upper sideband group are linearly summed together within 
generator 49 to form upper sideband composite signal 57. 
The data-modulated subcarrier signals for the lower side- 
band group are linearly summed together within generator 
47 to form lower sideband composite signal 55. Signals 55 
and 57 are frequency-orthogonal because the component 
subcarrier signals are frequency -orthogonal. Overall IBOC 
DAB composite signal 63 is generated by linearly summing 
59 upper sideband composite signal 57 and lower sideband 
composite signal 55. 

[0115] In certain embodiments, both composite signal 
generators 47 and 49 receive ECC codeword bit information 
51 from optional interleaver 43 at the same time. However, 
in one preferred embodiment, one of the composite signal 
generators (either 47 or 49, but not both) receives the ECC 
codeword bit information with latency. In FIG. 4, upper 
sideband composite generator 49 is shown as having addi- 
tional latency in receiving bit information 51 from inter- 
leaver 43 when compared to lower sideband composite 
signal generator 47, but the latency may be generated in 
either path. The latency is shown as diversity delay 45, 
which may be implemented with a first- in first-out (FIFO), 
binary shift register, or a random-access memory (RAM). 
According to this embodiment of the invention, the latency 
in bits created by delay 45 is an integer multiple of the ECC 



07/01/2004, EAST Version: 1.4.1 



US 2001/0050926 Al 



21 



Dec. 13, 2001 



codeword length in bits. In certain embodiments, delay 45 is 
also equal to or larger than the length of interleaver 43 in bits 
so that the time intervals in which signals representing a 
ECC codeword and delayed replica are transmitted do not 
significantly overlap in occurrence. 

[0116] The function of delay 45 is to add latency to either 
the bit information delivered to upper sideband composite 
signal generator 49 or to lower sideband composite signal 
generator 47. As the result of the delay, at a specific instant 
in time, composite signals 55 and 57 from generators 47 and 
49, respectively, correspond to different ECC codewords. 
According to certain embodiments, delay 45 creates time- 
diversity in the system. Thus, the system has the advantages 
of both frequency -diversity and time-diversity. The time- 
diversity is ineffective at combating the deleterious effects of 
noise, interference, and distortion when these effects are 
approximately wide-sense stationary. However, in many 
circumstances, the receiver is in motion, for example, as in 
an automobile receiver. The time-diversity brought about by 
the invention may mitigate the deleterious effects caused by 
transient flat-fading (i.e. Rayleigh) multipath propagation 
when the duration of the fade is short compared to the delay 
length. 

[0117] Although interleaver 43 causes the error distribu- 
tion within an interleaver frame to be random and uncorre- 
cted, when there is a transient period of time where there are 
a substantial number of errors, interleaving alone may be 
insufficient. Time -diversity is less effective at reducing the 
deleterious effects of adjacent-channel interference except 
when the received D/U ratio has been further compromised 
by, for example, Rayleigh multipath flat-fading. Interleav- 
ing, frequency-diversity, and time-diversity together in the 
transmitter system results in robust receiver performance 
when subjected to various forms of time-selective and 
frequency-selective distortion. 

[0118] The presence of delay 45 causes additional latency 
in the transmitter and thus in the overall system. The total 
latency caused by delay 45 together with interleaver 43 is 
preferably less than about 500 milliseconds. In order to 
maximize the time-diversity advantage of delay 45, particu- 
larly for mobile receivers with low vehicle velocities, the 
length of delay 45 is about one-half of the total transmitter 
system latency (e.g. an interleaver length of about 250 
milliseconds and a diversity delay of about 250 millisec- 
onds). 

[0119] In FIG. 4, the interleaved ECC codewords 51 are 
used to data-modulate the subcarrier signals in lower side- 
band composite signal generator 47 while the delayed and 
interleaved ECC codewords are used to modulate the sub- 
carrier signals in upper sideband composite signal generator 
49. Without consideration of delay 45, in certain embodi- 
ments, the codewords which are used to data-modulate the 
upper and lower sideband signals are not necessarily iden- 
tical, but may be directly related to each other. For example, 
ECC codewords 53 for upper sideband composite generator 
49 may be formed by inverting (i.e. binary ones to zeroes 
and vice versa) all of the binary digits in codeword sequence 
51, or by using different ECC encoding algorithms for 
encoding the bits which modulate the upper and lower 
sideband signals. Such variations are considered within the 
scope of the invention of this disclosure because the under- 
lying source bit information that is conveyed by the encoded 



codewords and by the modulation of both the upper and 
lower sideband subcarrier signals is substantially the same, 
including inverses and other reversible transformations. 

[0120] Upper sideband composite signal generator 49 gen- 
erates upper sideband composite signal 57. Lower sideband 
composite signal generator 47 generates lower sideband 
composite signal 55. The spectrum of composite signal 57 is 
substantially confined to the upper sideband region and the 
spectrum of composite signal 55 is substantially confined to 
the lower sideband region. In certain embodiments, signals 
55 and 57 have substantially the same signal extent and are 
synchronous. Signals 55 and 57 may be generated directly at 
an RF carrier frequency suitable for analog FM-band emis- 
sion or they may be generated at a lower frequency, which 
may be zero, and then frequency-translated to the desired 
FM-band carrier frequency. Composite IBOC DAB signal 
63 is the linear summation of upper sideband composite 
signal 57 and lower sideband composite signal 55. The 
spectrum of composite IBOC DAB signal 63 is substantially 
confined to the upper and lower sideband regions together. 

[0121] In certain embodiments, the IBOC DAB composite 
signal 63 is emitted from the same antenna system at the 
transmitter site as the conventional analog FM-band signal. 
Because the analog FM-band signal and the IBOC DAB 
signal 63 are unrelated and approximately frequency-or- 
thogonal, the IBOC DAB signal 63 may be generated 
independently of the analog FM-band signal. In certain 
embodiments, a low power IBOC DAB signal is generated 
in the IBOC DAB transmitter and the resulting signal is 
raised to a higher power, suitable for RF emission, by a 
power-amplifier. In general, the IBOC DAB signal has 
simultaneous amplitude-modulation and phase-modulation, 
so that an approximately linear power-amplifier is required 
(e.g. class A, class AB). The high-power IBOC DAB signal 
may then be combined with the conventional high-power 
analog FM-band signal with a high-power hybrid waveguide 
coupler (not shown). The amount of power in the IBOC 
DAB signal is determined by the amount of power in the 
low-power IBOC DAB signal and the characteristics of the 
IBOC DAB high-power amplifier. The amount of power in 
the IBOC DAB signal is restricted so that the ratio between 
the IBOC DAB signal power and the analog FM-band signal 
power is approximately constant and within the emission 
mask. In certain embodiments, the total IBOC DAB RMS 
power is attenuated by between about 10 decibels and about 
30 decibels, relative to the analog FM-band RMS power, and 
preferably attenuated by between about 12 decibels and 
about 20 decibels. 

[0122] A disadvantage of combining the IBOC DAB sig- 
nal and the analog FM-band signal at high-power is that the 
hybrid coupler exhibits significant insertion loss, resulting in 
wasted (heat) RF power. There is a reciprocal relationship 
between the amount of loss between the hybrid coupler port 
which is connected to the analog FM-band signal and the 
loss for the coupler port which is connected to the IBOC 
DAB signal. Minimizing the analog FM-band signal loss 
unfortunately minimizes the emitted power for the IBOC 
DAB signal. At high power levels (typically, tens of kilo- 
watts), the signal loss may adversely affect the resulting 
coverage unless the loss is compensated for by increasing 
the transmitter power of the IBOC DAB signal and/or 
analog FM-band signal, which may not be practical at high 
power levels. A further disadvantage of this approach is that 
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it requires separate power-amplifiers for the analog FM- 
band signal (typically, Class C saturating amplifiers) and for 
the IBOC DAB signal, which requires approximately linear 
amplification in the general case. 

[0123] According to certain embodiments of the inven- 
tion, shown in FIG. 4, the analog FM-band signal and the 
IBOC DAB signal may be combined prior to power ampli- 
fication 67 and antenna emission. Analog FM-band signal 61 
is generated by conventional analog FM-band signal gen- 
erator 65. In many such implementations, conventional 
generator 65 is a voltage-controlled oscillator (VCO), or a 
numerically-controlled oscillator (NCO) for digital embodi- 
ments, which frequency-modulates a sinusoidal signal from 
LO signal generator 71 with analog FM baseband source 
signal 79 in order to generate the conventional FM-band 
signal. LO signal generator 71 is a sinusoidal signal gen- 
erator whose frequency is equal to analog FM-band center 
frequency 1, 4; m other words, LO source 71 is a RF carrier 
frequency reference. Resulting analog FM-band signal 61 is 
frequency-modulated and is directly related to a phase- 
modulation signal with a constant signal envelope. As 
described previously, power amplifiers for analog FM-band 
signals are typically Class-C saturating amplifiers, which 
maintain an approximately constant signal envelope. In 
general, a conventional Class-C saturating amplifier is not 
used for amplifying the low-power IBOC DAB signal, 
which requires linear amplification for simultaneous ampli- 
tude-modulation and phase -modulation. However, in certain 
implementations, a Class-C amplifier may be modified so 
that the amplifier is capable of generating a limited amount 
of amphtude-modulation, for example, less than fifty-per- 
cent (50%), together with the phase -modulation signal, for 
example, by modulating the screen voltage (with group 
delay andnonlinearity compensation) in a electron tube (e.g. 
VHF power tetrode such as Varian EIMAC 8989) power 
amplifier. Since the IBOC DAB signal is substantially 
smaller in power than the analog FM-band signal and since 
the analog FM-band signal requires only phase-modulation, 
the modified class-C power amplifier may be capable of 
amplifying a combined analog FM-band and IBOC DAB 
signal without substantial amounts of distortion. 

[0124] In FIG. 4, power amplifier 67 is shown as being 
capable of phase-modulation and a limited amount of ampli- 
tude-modulation. The bandwidth of amplifier 67 is some- 
what larger than the bandwidth occupied by the IBOC DAB 
signal together with the analog FM-band signal (i.e. greater 
than about 400 kHz), preferably about 600 kHz so that the 
IBOC DAB signal components towards the sideband outer 
edges are not distorted by the amplification. The input 
signals to the power amplifier are signals 73 and 75. Input 
signal 73 is the phase -modulated RF carrier frequency. Input 
signal 75 is the baseband amplitude-modulation signal; in 
other words, the signal which is multiplied together with the 
signal 73, affecting only the signal envelope, in order to 
generate the final signal to be emitted. When there is no 
IBOC DAB signal, signal 73 is the analog FM-band signal 
and signal 75 is a constant value (i.e. no amplitude modu- 
lation). When the IBOC DAB signal is present, a part of the 
IBOC DAB signal appears as amplitude modulation with 
respect to analog FM-band signal 61, which would ordi- 
narily be absent, and a part of the IBOC DAB signal appears 
as further phase-modulation of analog FM-band signal 61. 
The phase-modulation and amplitude-modulation compo- 
nents of the IBOC DAB signal relative to the analog 



FM-band signal 61 are determined in AM&PM separator 69. 
The input signals to AM&PM separator 69 are analog 
FM-band signal 61, RF carrier frequency reference 71, and 
IBOC DAB signal 63. There are various implementations 
for AM&PM separator 69. In one embodiment, the analog 
FM-band signal and IBOC DAB composite signal are lin- 
early summed together (with the appropriate power ratios) 
within AM&PM separator 69. The summed signal is decom- 
posed into a baseband in-phase (IJ signal and a baseband 
quadrature (QJ signal with respect to RF carrier frequency 
reference 71, by, for example, a hybrid I/Q demodulator and 
lowpass filters with matching amplitude and phase charac- 
teristics. The baseband phase -modulation component signal 
is then given by: 



[0125] where tan" 1 is the inverse tangent function. RF 
carrier reference frequency 71 is phase-modulated by the 
baseband phase-modulation component signal in Equation 
(1) to generate phase-modulated RF signal 73, LO+PM, so 
that: 

LO+PM-cos (2?il9 / c +e t ) (2). 

[0126] Baseband amplitude modulation component signal 
75, AM, is the magnitude (envelope) of the vector sum of the 
in-phase and quadrature baseband component signals and is 
given by: 

AM^lf+Q, 2 (3) 

[0127] The transmitter system may be phase-calibrated, 
for example, by ensuring that amplitude modulation com- 
ponent signal 75 is substantially a constant value when there 
is no IBOC DAB signal and that furthermore, in this 
circumstance, phase-modulated signal 73 substantially 
resembles analog FM-band signal 61. 

[0128] The implementation of upper sideband composite 
signal generator 49 and lower sideband composite signal 
generator 47 depends upon the specific modulation method 
used for the subcarrier signals and the form of subcarrier 
signal waveforms themselves. FIG. 5 is a block diagram for 
each of generators 47 and 49 for an embodiment with a 
plurality 85 of subcarrier signals which are simultaneously 
transmitted. Composite lower (upper) sideband signal 55 
(57) is generated by the linear summation 93 of one or a 
plurality of data-modulated lower (upper) subcarrier signals 
87. Composite lower (upper) sideband signal 55 (57) may 
optionally include summation 93 of reference signal 91 
which is generated by reference generator 89 with plurality 
85 of data-modulated subcarrier signals. The function of 
reference signal 91 is to facilitate equalization and/or syn- 
chronization in the receiver system. 

[0129] In certain embodiments, reference signal 91 is a 
narrowband sinusoidal signal, in other words, a pilot tone, 
whose center frequency is approximately located about 
either i) the center of the lower (upper) sideband region or 
ii) located near the inner band-edge of the lower (upper) 
sideband region, which is the sideband edge closest to the 
analog FM-band signal. In general, it is not desirable to 
generate a narrowband pilot reference signal towards the 
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outer band-edge because of the potential for large amounts 
of second-adjacent interference. 

[0130] Each subcarrier group modulator 83 generates sub- 
carrier signal 87, which is modulated according to bit data 
81. Since there may be a plurality of subcarrier group 
modulators 83, lower (upper) sideband ECC codeword bit 
data 51 (53) is divided into groups of one or a plurality of 
bits in each signal interval by serial-to-parallel converter 95. 
Each subcarrier group modulator 83 generates subcarrier 
signal 87 using one or a plurality of subcarrier signals from 
the entire set of possible subcarrier signals for the lower 
(upper) sideband region. The possible subcarrier signals are 
partitioned into disjoint subsets which together span the set 
of lower (upper) subcarrier signals. Each subcarrier group 
demodulator 83 makes use of one of the determined sub- 
carrier sets. In certain embodiments, not all of the signals 
from the total set of lower (upper) subcarrier signals may be 
transmitted in a specific baud interval, for example, with 
biorthogonal modulation, in which only one subcarrier sig- 
nal in a group of subcarrier signals is emitted. 

[0131] The implementation of subcarrier group modula- 
tors 83 depends upon the specific waveform shape and 
modulation method for the individual subcarrier signals. In 
the most general case, the subcarrier signal waveforms are 
sequences of numbers which are stored in a memory device, 
for example, a read-only memory (ROM) or generated by 
mathematical functions. In certain embodiments, the sub- 
carrier signal waveforms are narrowband sinusoid shapes in 
the time-domain representation, as in the known method of 
OFDM and variations known as COFDM and Discrete 
Multitone (DMT) modulation. For an OFDM modulation 
embodiment, there are an even number, L, of narrowband 
subcarrier signals, organized as L/2 signal pairs, which when 
considered together have a spectrum which occupies the 
upper and lower sideband regions. Each pair of signals is 
substantially orthogonal to the remaining signal pairs. The 
spectrum of each signal pair in one half of the signal pairs 
is substantially confined within the upper sideband region 
and the spectrum of each signal pair in the remaining half 
(which is distinct and disjoint to the first half) is substantially 
confined within the lower sideband region. When considered 
as a composite, the spectrum of the lower (upper) sideband 
narrowband subcarrier signals substantially occupies the 
lower (upper) sideband region only. Within each pair of 
narrowband signals, the two subcarrier signals have the 
same frequency but are phase-orthogonal (i.e. quadrature or 
out-of-phase by n/2 radians) and are time-limited sinusoid- 
like waveforms. The signals are transmitted simultaneously 
and in synchronism. The duration in time of the signals (i.e. 
the periodicity), AT, is about the same for all signals. The 
frequency separation between signal pairs is, by the OFDM 
construction, the reciprocal of the signal extent, in other 
words, 1/AT. The preferred signal time-duration is between 
about 100 microseconds and about 1 millisecond for VHF 
frequencies and between about 50 microseconds and 200 
microseconds for L-band frequencies. In the OFDM 
embodiment, consecutive signal intervals are separated by 
an additional amount of time known as the "guard" interval. 
The guard interval is determined to be larger than the 
expected multipath delay spread, preferably between about 
20 microseconds and 100 microseconds. The guard interval 
is typically appended at the beginning of the signal interval. 



The waveform shape in the guard interval period may be 
substantially zero or a cyclic extension of the subcarrier 
signal. 

[0132] For the method of OFDM, the narrowband spec- 
trum of the subcarrier signals results in substantially flat- 
fading multipath effects even when the RF channel propa- 
gation characteristics are frequency-selective. The guard 
interval mitigates the deleterious effect of intersymbol inter- 
ference because signal echoes from adjacent signal intervals 
may substantially overlap only within the guard interval, 
when the guard interval is sufficiently long; the guard 
interval is disregarded in the demodulation process. Phase- 
tracking of the narrowband subcarrier signals in the receiver 
system is facilitated by i) generating one of the OFDM 
subcarrier signals in each of the upper sideband region and 
lower sideband region without data-modulation, which is 
equivalent to generating two pilot tones, or by ii) periodi- 
cally modulating the subcarrier signals with predetermined 
data, known as a training sequence or synchronization 
preamble. Other phase -tracking methods and differential 
modulation methods are known for OFDM modulation and 
its variation. 

[0133] In certain OFDM embodiments, the overall IBOC 
DAB signal, which represents the linear sum of the upper 
and lower sideband composite signals, may be generated 
digitally so that separate signal generators 47 and 49 are not 
required. This is accomplished, for example, by digitally 
computing the Inverse Fast Fourier Transform (IFFT) algo- 
rithm of a frequency-domain sequence whose elements 
(coefficients) correspond to the modulation state for the 
plurality of narrowband sinusoid OFDM subcarrier signals. 
In general, the coefficients of the frequency-domain 
sequence are complex (i.e. having real and imaginary scalar 
values). Each complex coefficient corresponds to the ampli- 
tude-modulation and phase-modulation state of one of the 
plurality of quadrature signal pairs. For each complex coef- 
ficient in the sequence, the real scalar value corresponds to 
the modulation of the in-phase signal for each signal pair and 
the imaginary scalar value corresponds to the modulation of 
the quadrature signal in each signal pair. The resulting 
envelope (amplitude) and phase modulation for each quadra- 
ture subcarrier pair are given by Equations (2) and (1), 
described previously. Thus, for the L/2 signal pairs, there are 
L/2 complex non-zero frequency-domain coefficients. For 
digital representatioas and implementations of the subcarrier 
and composite signals in the transmitter system, a time- 
increment, in other words, a sample-time, is required so that 
a relationship between sequence coefficients and time-do- 
main samples is established. The increment in the time- 
domain representation, At, is determined so that the quantity 
l/(N At) is equal to the OFDM frequency increment, 1/AT, 
and where N is the length of the Inverse Fast Fourier 
Transform, typically an integer power of two and greater 
than the number of signal pairs, L/2. 

[0134] The mapping between frequency-domain coeffi- 
cients and the IBOC DAB spectrum is shown in FIG. 6 for 
the generation of OFDM subcarrier signals. Frequency- 
domain complex sequence 97 corresponds to the modulated 
amplitude and phase state of a plurality of sinusoid-like 
subcarrier signals, beginning at a zero frequency offset 
relative to desired analog FM-band center frequency 1 and 
extending to maximum frequency offset 99 of about N AT/2, 
with frequency separation 101 between narrowband subcar- 
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rier signals of about 1/AT. From the total of N elements in 
sequence 97, about the first N/2 elements span a frequency 
region which includes upper sideband region 11 (i.e. positive 
frequency offsets), while about the remaining N/2 elements 
span a frequency region which includes lower sideband 
region 13 (i.e. negative frequency offsets). Ordinal one (ix. 
the first element) of complex sequence 97 corresponds to the 
DC-value of the signal at baseband (or the large carrier 
component at RF), which is typically about zero for IBOC 
DAB signals. Ordinal two corresponds to the positive fre- 
quency offset closest to the analog FM-band center fre- 
quency (the first non-zero positive frequency), which is 
+1/AT. The first negative frequency offset, which is -1/AT, 
corresponds to sequence ordinal N. The frequency region 
spanned by complex frequency-domain sequence 97 is typi- 
cally larger than the frequency region occupied by sideband 
regions 11 and 13 together. The plurality of sequence 
coefficients 103 which correspond to frequency offsets out- 
side of the desired sideband regions 11 and 13 are set to the 
value zero in the transmitter system implementation because 
the IBOC DAB signal does not have signal components at 
those frequencies. This zero-valued region includes spec- 
trum region 7 where the analog FM-band signal is substan- 
tially located. The plurality of coefficients 105 and 107, 
which corresponds to frequency offsets that are within the 
desired upper sideband region 11 and lower sideband region 
13, respectively, are set according to the modulating data 
sequence which is, in certain embodiments, the interleaved 
ECC codewords, 53 and 51, respectively. For each signal 
interval, after determining the frequency-domain sequence 
values, the Inverse Fast Fourier Transform of frequency- 
domain sequence 97 is computed in order to determine a 
complex sequence which is the corresponding time-domain 
representation of IBOC DAB signal 63 (upper and tower 
sidebands together) at baseband, having an in -phase signal 
component and a quadrature signal component with respect 
to the RF center frequency. The baseband in-phase and 
baseband quadrature signal components may be frequency- 
translated (not shown) to the desired analog FM-band center 
frequency 1 with, for example, a hybrid I/Q modulator and 
LO oscillator source 71 at center frequency 1 4, or by other 
known frequency-shifting methods, and combined with the 
analog FM-band signal as shown in FIG. 4. 

[0135] In another embodiment, upper sideband composite 
signal 57 and lower sideband composite signal 55 are 
generated independently, even when the subcarrier signals 
are implemented with OFDM. In this circumstance, two 
frequency-domain sequences are generated; one sequence 
corresponding to upper sideband region 11 only and one 
sequence corresponding to lower sideband region 13 only. 
Frequency sequence coefficients in the upper (lower) side- 
band sequence which correspond to the lower (upper) side- 
band frequencies are set to zero. Separate IFFT processing 
is required for the two sequences. The result of the separate 
transforms is two complex sequences which are the base- 
band time-domain representation of upper and lower side- 
band composite signals 57 and 55. The baseband time- 
domain sequences may be frequency-translated to the 
desired analog FM-band center frequency with a hybrid I/Q 
modulator and LO source 71, as described in the previous 
paragraph, but this is equivalent to the previous embodi- 
ment. In the variation of the embodiment, one of the 
sideband composite signals (either upper or lower) is fre- 
quency-translated to the desired analog FM-band center 



frequency, but also with a further frequency offset which is 
about equal to one-half (V2) of the OFDM frequency incre- 
ment, 1/AT, or odd multiple thereof, with either positive or 
negative polarity. The advantage provided by the additional 
frequency offset for one of the sideband composite signals 
occurs when second-adjacent IBOC DAB interference is 
present. As described previously, second-adjacent interfer- 
ence causes distortion in the received IBOC DAB signal 
because of some amount of frequency overlap between the 
second-adjacent IBOC DAB signal and the desired IBOC 
DAB signal. As shown in prior art FIG. 3, upper sideband 
35 of second- adjacent IBOC DAB signal with center-fre- 
quency 23 (-400 kHz offset) may overlap lower sideband 13 
of the desired IBOC DAB signal, and/or lower sideband 33 
of second-adjacent IBOC DAB signal with center-frequency 
21 (+400 kHz offset) may overlap upper sideband 11 of the 
desired IBOC DAB signal. By offsetting the frequency 
components of the composite signals in one of the sideband 
regions with respect to the other sideband region, the fre- 
quency-orthogonality between the upper and lower sideband 
regions is improved when there is spectrum overlap in the 
second-adjacent circumstance. According to the invention, 
the interfering upper (lower) IBOC DAB sideband compos- 
ite signal components may be offset in frequency compared 
to desired lower (upper) IBOC DAB sideband signal com- 
ponents, which reduces the effect of spectrum overlap. In 
order for the additional frequency offset to provide an 
advantage, the frequency difference between the actual 
analog FM-band center frequency, for example as imple- 
mented in LO source signal generator 71, and the nominal 
center frequencies (f c and f c ±400 kHz) for both the desired 
transmitter's IBOC DAB signal and interfering transmitter's 
IBOC DAB signal must be small when compared to the 
additional frequency offset, which is 1/(2 AT) or odd mul- 
tiple thereof. This may require the use of high-accuracy, 
high-stability frequency sources in the IBOC DAB trans- 
mitter systems. In certain embodiments, the OFDM fre- 
quency separation between subcarrier signals, 1/AT, is less 
than about 15 kHz, so that a frequency accuracy of better 
than about 1 kHz of the nominal center-frequency is pref- 
erable. 

[0136] When the OFDM subcarrier signals are data-modu- 
lated with antipodal (i.e. polarity, bipolar, BPSK) modula- 
tion, each subcarrier conveys 1 encoded bit for each baud 
interval. Thus, each quadrature pair of signals conveys 2 
encoded bits in each baud interval, which is equivalent to the 
bit rate throughput of Quaternary Phase-Shift Keying 
(QPSK) modulation and variations thereof. In certain 
embodiments, the desired source bit rate throughput of the 
IBOC DAB system, considering the subcarrier signals in 
one of the sidebands, is about 200 kbit/sec in order to 
accommodate about a 128 kbit/sec digital audio signal and 
about 64 kbit/sec of ancillary data. The other sideband does 
not increase the effective source bit information throughput 
because redundant source information is transmitted in both 
sideband regions. In each of the upper and lower sideband 
regions, there is between about 80 kHz and 120 kHz, 
preferably about 100 kHz, of spectrum in which an IBOC 
DAB signal may be generated so that it is i) approximately 
frequency-orthogonal to the analog FM-band signal and h) 
within a total (IBOC DAB and analog FM-band signal 
together) occupied bandwidth of about 400 kHz so that 
second-adjacent interference does not substantially limit 
signal coverage. The desired sideband frequency spectrum 



07/01/2004, EAST Version: 1.4.1 



US 2001/0050926 Al 



25 



Dec. 13, 2001 



for IBOC DAB is located at a frequency offset of between 
about 100 kHz and 200 kHz, inclusive, from corresponding 
analog FM-band center frequency 1; positive frequency 
offsets for upper sideband region 11 and negative frequency 
offsets for lower sideband region 13. Therefore, an effective 
source bit throughput rate of about 2 bits/sec/Hz is adequate 
for said IBOC DAB configuration without additional con- 
siderations. However, a 2 bits/sec/Hz source bit throughput 
rate does not allow for the incorporation of ECC redundancy 
information with the digital audio and ancillary data signal. 
Mobile digital communication systems require reasonable 
amounts of ECC redundancy in order to be robust against the 
effects of noise, interference, and distortion. Thus, in certain 
embodiments, the encoded bit throughput rate is necessarily 
increased to be between about 3 bits/sec/Hz and 4 bits/sec/ 
Hz, preferably closer to 3 bits/sec/Hz, so that an ECC 
method (e.g. convolutional, Reed-Solomon, or combination 
thereof) with about an average code rate of two-thirds ( 2 A) 
may be implemented in the transmitter and receiver systems. 
For example, suitable convolutional codes for Gray-code 
bit-to-symbol mapping are the rate Vi punctured codes 
described by L. H. C. Lee [reference: L. H. C. Lee, "New 
rate-compatible punctured convolutional codes for Viterbi 
decoding/TEEE Transactions on Communications, Vol. 42, 
No. 12, pp. 3073-3079, December 1994], and also described 
by P. J. Lee [reference: P. J. Lee, "Constructions on rate 
(n-l)/n punctured convolutional codes with minimum 
required SNR criterion/7£EE Transactions on Communi- 
cations, Vol. 36, No. 10, pp. 1171-1174, October 1988]. For 
pragmatic trellis coding and modulation of subcarrier signal 
pairs, the codes described by Viterbi [reference: A. J. Viterbi, 
J. K. Wolf, E. Zehavi, and R. Padovani, ibid.], and for 
optimal trellis coding, the codes described by Ungerboeck 
[reference: Ungerboeck, "Channel coding with multilevel/ 
phase signals,"/££E Transactions on Information Theory, 
Vol. 28, No. 1, pp. 55-67, January 1982] may be imple- 
mented in certain embodiments of the invention. With a rate 
2 h ECC code and a 3 bits/sec/Hz throughput, the source bit 
rate throughput after ECC decoding is then about the desired 
2 bits/sec/Hz. For rate z h convolutional coding, a practical 
input bit constraint length is between about K=7 and K=9, 
inclusive, in certain embodiments. 

[0137] In order to achieve an encoded bit rate throughput 
of about 3 bits/sec/Hz for the subcarrier signals in each of 
the upper and lower sideband regions, about 8 (i.e. 2 3 ) 
discrete modulation states are required for each pair of 
orthogonal subcarrier signals in each symbol baud. When 
the subcarrier signals are narrowband, for example, in the 
method of OFDM, 8-ary phase-shift-keying (8-ary PSK) 
may be implemented for the data-modulation of each 
quadrature (i.e. I and Q) subcarrier signal pair, where the 
modulation state is determined by the source bit information 
encoded with rate Vi convolutional, trellis, and/or block ECC 
coding. Each eight-valued phase state for a non-zero sub- 
carrier frequency component is mapped onto an in-phase 
and quadrature component; for example, a phase state of 6 
degrees with unit magnitude is mapped to an in-phase (real) 
component of cosine (0) and a quadrature (imaginary) 
component of sine (0). In certain embodiments, an excess 
phase value, which is a function of frequency offset, is added 
to each of the determined phase -values so that the "group 
delay" of the resulting signal in the time-domain represen- 
tation is about equal to half of the signal extent. When a ECC 
code with rate ¥i is implemented, for example, with 8-ary 



PSK modulation of narrowband subcarriers, the fraction of 
the bits of each ECC codeword to be transmitted in a specific 
baud interval is further organized as one group or divided 
into a plurality of groups of three bits. Each group of three 
bits is used to determine one of the eight phase-modulation 
states for a specific subcarrier signal pair according to a bit 
mapping, which may be a Gray code mapping [reference: E. 
J. McCluskey. Logic Design Principles. Englewood Cliffs, 
N.J.: Prentice-Hall, 1986, pp. 17-19] or rate 2 / 3 8-ary PSK 
with trellis or pragmatic trellis modulation and coding. 

[0138] For an embodiment of the invention with a total of 
L narrowband subcarrier signals and OFDM modulation, 
there are L/2 mutually orthogonal quadrature signal pairs 
which are modulated and simultaneously transmitted; L/4 
distinct narrowband subcarrier signal pairs whose spectrum 
is confined within the upper sideband region and 174 distinct 
narrowband subcarrier signal pairs whose spectrum is con- 
fined within the lower sideband region. In each baud inter- 
val, for each subcarrier pair, one or both signals within in 
each pair may be transmitted with discrete-valued amplitude 
modulation so that each distinct emitted frequency compo- 
nent corresponds to 8-ary PSK modulation. Each subcarrier 
signal has a digital time-domain representation which con- 
sists of N complex (I and Q with respect to the RF carrier 
frequency) samples with a sample-time of At. A known 
disadvantage of OFDM modulation is that certain subcarrier 
signals, having very narrow bandwidth, may be significantly 
attenuated by the effects of frequency-selective distortion, 
for example, a narrowband multipath notch or transmission 
zero in the RF channel frequency characteristic. Further- 
more, those narrowband subcarrier signals toward the inside 
and outside band-edges of the upper and lower sideband 
regions may be susceptible to interference from either i) the 
analog FM-band signal, which primarily affects those sub- 
carriers toward the inner band edges at about ±100 kHz, or 
ii) from first-adjacent analog FM-band signals and second- 
adjacent IBOC DAB signal interference, affecting primarily 
those subcarriers toward the outer band edges at about ±200 
kHz. Thus, in certain circumstances, it may be preferable 
that the frequency spectrum of each subcarrier signal in the 
upper (lower) sideband region substantially occupy the 
entire upper (lower) sideband region so that only a portion 
of the spectrum of the subcarrier signal is deleteriously 
affected by very narrowband (e.g. 30 kHz notches) fre- 
quency-selective interference or distortion. 

[0139] For wideband subcarrier signals, it is desirable to 
have L/2 mutually orthogonal or approximately orthogonal 
signals, each of which has a frequency spectrum that sub- 
stantially spans and is confined within the upper sideband 
region only, and L/2 mutually orthogonal or approximately 
orthogonal signals, each of which was a frequency spectrum 
that substantially spans and is confined within the lower 
sideband region only. For example, spread spectrum wave- 
forms using, for example, pseudo-noise (PN) sequences, 
Kasami sequences, Bent sequences, Gold sequences, and 
perfectly orthogonal variations thereof, have a wideband 
frequency spectrum [reference: D. V. Sarwate and M. B. 
Pursley, "Crosscorrelation properties of pseudorandom 
sequences" Proceedings of the IEEE, Vol. 68, No. 5, pp. 
593-619, May 1980]. However, for signals to be substan- 
tially confined within the sideband region while making use 
of as much of the available sideband region as possible, it 
may be preferable that the subcarrier signals be further 
shaped. The shaping may deleteriously affect the correlation 
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properties of binary-value sequences. When the desired 
spectrum shape is known, wideband signals which are 
orthogonal are determined by the left eigenvectors of the 
shaped spectrum's autocorrelation matrix, as described by 
Kasturia, et al. [reference: S. Kasturia, J. T. Aslanis, and J. 
M. Cioffi, "Vector coding for partial response Channels, 
"IEEE Transactions on Information Theory, Vol. 36, No. 4, 
pp. 741-762, July 1990]; see U.S. Pat. No. 4,403,330 to 
Halpern, et. al., which also describes a spectrally shaped 
waveform design method using eigenvectors. 

[0140] Whether the spectrum of each of the subcarrier 
signals is narrowband, as is the case for OFDM signals, or 
wideband within a sideband region, the bit rate throughput 
requirement is unchanged. In general, the required informa- 
tion density when encoded with redundancy is between 
about 2 bits/sec/Hz and 4 bits/sec/Hz, preferably about 3 
bits/sec/Hz, with an average ECC code rate between about 
3 /4 and about Vi, preferably about 2 A, so that the source (user) 
bit rate throughput is about 2 bits/sec/Hz. A narrowband 
embodiment with 8-ary PSK modulation and rate 2 A encod- 
ing (Gray or trellis) was described previously. For the 
embodiment with a plurality of L wideband subcarrier 
signals, the set of L/2 upper (lower) sideband wideband 
subcarrier signals may considered as a set of L/4 upper 
(lower) wideband orthogonal signal pairs. The partitioning 
of the 172 upper (lower) subcarriers into L/4 distinct pairs is 
arbitrary because the subcarrier are orthogonal or approxi- 
mately orthogonal. Within each pair of wideband subcarrier 
signals, one of the two signals is labeled as an in-phase (I) 
signal, and the other signal in the pair is labeled as a 
quadrature (Q) signal. The determination within each pair as 
to which signal is the I signal and which is the Q signal is 
arbitrary and is unrelated to the in-phase and quadrature 
signal components of the RF carrier frequency. Then, meth- 
ods for rate 2 A 8-ary PSK narrowband modulation, for 
example, Gray coding, Ungerboeck trellis coding, or prag- 
matic trellis coding, referenced previously, which make use 
of I and Q signals may also be implemented for each of the 
upper (lower) sideband wideband subcarrier signal pairs. 

[0141] FIG. 7 is a block diagram of an embodiment of 
each upper (lower) sideband subcarrier group modulator 83 
in FIG. 5. Referring to FIG. 5, each upper (lower) subcarrier 
group modulator 83 makes use of two wideband or narrow- 
band upper (lower) subcarrier signals to determine resulting 
signal 87. There are L/4 upper (lower) sideband subcarrier 
group modulators 83 in the generation of upper (lower) 
sideband composite signal 57 (55). ECC encoder 41 is an 
average rate Z A ECC code, for example, a convolutional 
code. Encoded and interleaved source bits 51 (53) are 
divided into groups of three bits after serial- to-parallel 
conversion 95, Each group of three bits 81 is used to 
modulate two subcarrier signals for each subcarrier group 
modulator 83 for each baud interval, 

[0142] The embodiment of subcarrier group modulator 83 
in FIG. 7 is appropriate for a variety of different modulation 
methods which require different bit-to-symbol mappings. 
According to certain embodiments of the invention, for a 
particular embodiment of 8-ary modulation with narrow- 
band or wideband subcarrier pairs, in each group of three 
ECC encoded bits,, one bit, a "selection" bit B x 0 , determines 
which one of two kinds of 4-ary phase constellations (4-ary 
PSK) are transmitted for each subcarrier group modulator in 
each baud interval. The remaining two bits in each group, 



"phase" bits B x j and B x 2 , determine the specific state of the 
4-ary PSK modulation. 4-ary PSK modulation requires two 
bits to uniquely specify the 4-ary modulation state. Methods 
of implementing 4-ary PSK modulation are known, for 
example, biorthogonal modulation and Gray-coded Quater- 
nary Phase-Shift Keying (QPSK) and variations thereof. 

[0143] In FIG. 4, the ECC method for the selection and 
phase bits together is about average rate 2 A code in certain 
embodiments. Within ECC encoder 41, separate ECC 
encoders (possibly with the same ECC algorithm) are imple- 
mented for those source bits which when encoded and 
interleaved are the selection bits, and for those source bits 
which when encoded and interleaved are the phase bits. 
Similarly, separate scramblers within scrambler 39 are, in 
general, implemented for those source bits which when 
encoded and interleaved become the selection bits and those 
source bits which when encoded and interleaved become the 
phase bits. Since the selection bits and phase bits may have 
different code rates and/or ECC algorithms, the selection bits 
and the phase bits correspond to elements from different 
(first and second) encoded ECC sequences or codewords. 
The sequence of selection bits over some plurality of baud 
intervals is a selection bit (first kind) ECC codeword while 
the sequence of phase bits over a corresponding plurality of 
baud intervals is the polarity bit (second kind) ECC code- 
word. The first and second codewords are transmitted redun- 
dantly by modulating subcarrier signals in both the upper 
and lower sideband regions. The association between each 
selection bit and two phase bits necessitates that interleaver 
43 in the FIG. 4 transmitter system be a "symbol" inter- 
leaver as opposed to a "bit" interleaver and that each symbol 
for interleaver 43 include both the selection bit and two 
phase bits (i.e. minimum symbol length of three bits or 
multiple thereof). 

[0144] The ECC codes implemented in encoder 41 for 
those source bits which become the selection and phase bits 
after encoding and interleaving may be an average rate 2 A 
code when considered together, but with different amounts 
of ECC redundancy for those source bits associated with the 
selection bit and those source bits associated with the phase 
bits, known as unequal error protection (UEP), in contrast to 
the circumstance where there are equal amounts of redun- 
dancy for all source bits, known as equal error protection 
(EEP). When the overall average ECC code rate is R, 
preferably equal to about 2 A, the rate for the selection bit 
code is R s , and the rate for the phase bit code is R PSK , then 
the relationship between code rates is expressed as: 

R-VrRS+VvR*** (4) 

[0145] For unequal error protection (UEP) coding, the 
ECC codes may be related by the same generating polyno- 
mials with different puncturing patterns, or the codes may be 
unrelated, for example, different generating polynomials or 
different types of codes altogether such as convolutional 
coding for the selection bits and block coding for the phase 
bits or vice versa, or combinations of convolutional and 
block ECC coding for both the selection and phase bits. For 
example, UEP punctured convolutional codes with rates 
between about l A and about l A and between about 3 4 and 
about 6 A are known [reference: L. H. C. Lee, "New rate- 
compatible punctured convolutional codes for Viterbi 
decoding " ibid.]. In certain embodiments, the selection bits 
are generated by encoding a fraction of the scrambled source 
bits with a code rate no more than about one-half (V&), and 
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closer to one-third QA) (e.g. convolutional encoding with 
binary generating polynomials 133 and 171 and 165) and the 
phase bits are generated by encoding the remaining fraction 
of the scrambled source bits with a code rate no less than 
about Va, and closer to five -sixths ( 5 /fe)(e.g. convolutional 
encoding with binary generating polynomials 133 and 171 
with puncturing pattern 



1 1010 I 

ioioi r 



[0146] For an exemplary EEP embodiment, which is pre- 
ferred for Gray code bit-to-symbol mapping only (see Table 
2) and which is not the preferred embodiment for the 
selection and phase bits ECC encoding and Table 1 bit-to- 
symbol mapping, the encoded binary triplets correspond to 
a code with about rate 2 A (e.g. convolutional encoding with 
binary generating polynomials 133 and 171 with puncturing 
pattern 
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[0147] An advantage of toe described 8-ary selection and 
phase bit modulation of the subcarrier signal pairs in certain 
embodiments is that it facilitates the use of a lower code rate 
(e.g. Vi) for the selection bits than the phase bits. The error 
probability of the selection bits is greater than the error 
probability of the phase bits, without consideration of the 
ECC coding, because the constellation signal points within 
the same 4-ary PSK constellation are further apart, having 
greater Euclidean inter-point distance, than those signal 
points which are adjacent, but from different 4-ary PSK 
constellations. Thus, the selection bits require more ECC 
redundancy in order to achieve the same decoded bit error 
rate as the polarity bits. In general, very powerful codes are 
easier to determine and implement for relatively low code 
rates (less than or equal to about rate V4) than for higher code 
rates, for example, binary codes with iterative decoding (e.g. 
concatenated codes and turbo codes) [reference: J. 
Hagenauer, E. Offer, and L. Papke, "Iterative decoding of 
binary block and convolutional codes "IEEE Transactions 
on Information Theory, Vol. 42, No. 2, pp. 429-445, March 
1996]. The selection and phase bit-to-symbol mapping with 
UEP facilitates the use of powerful, low-rate codes for the 
selection bits, while the phase bits may be encoded with 
simpler, conventional non-iterative convolutional and/or 
block codes because of the signal-to-noise (SNR) ratio 
advantage in the determination of the phase bits, when the 
selection bits are determined correctly, due to the greater 
distance between points in the same 4-ary constellation. 

[0148] In FIG. 7, selection and phase bits together, as 
binary triplets 81, are used to determine generated signal 87 
for each subcarrier group modulator 83. Bits 81 are propa- 
gated to multiplexors 113 and 119 as the control bits. A 
"multiplexor" is a switch which propagates one of a plurality 
of "m" data inputs according to one or a plurality of control 
bits. Each of the "m" inputs may consist of one or a plurality 
of bits in digital embodiments or signals in analog embodi- 
ments. The control input of each multiplexor is labeled as 



"S" in this disclosure. The data inputs for multiplexors 113 
and 199 are sets of amplitude -scale factors 121 and 122, 
respectively. Each of amplitude scale factor sets 121 and 122 
are the five scalar values: about 1 (one), about 1/V2 (0.707), 
about 0 (zero), about -1/^2 (-0.707), and about minus one 
(-1), or arbitrary multiples thereof. 

[0149] In each subcarrier group modulator 83, subcarrier 
signal generator 109 emits a signal which is the time-domain 
representation for one of the two (unmodulated) waveform 
shapes in the subcarrier signal pair. Similarly, subcarrier 
signal generator 111 emits a signal which is the time-domain 
representation of the other (unmodulated) subcarrier wave- 
form shape for the pair. Subcarrier signal generators 109 and 
111 emit the subcarrier waveform shapes for each baud 
interval. One of the emitted subcarrier signals in group 
modulator 83, arbitrarily from generator 109, is labeled as 
the in-phase (I) subcarrier signal. The remaining signal from 
generator 111 is labeled as the quadrature (Q) signal for the 
specific group (pair). Subcarrier signal generators 109 and 
111 may be implemented with memory devices, for 
example, read-only-memory (ROM) or pre-loaded random- 
access-memory (RAM). In certain embodiments, the sub- 
carrier signal waveforms may be represented by mathemati- 
cal functions (e.g. sinusoids) so that signal generators 109 
and 111 are function generators, which may require substan- 
tially less memory to implement. The emitted signals from 
generators 109 and 111 are multiplied 115 and 116 by scalar 
values which are constant for the duration of the baud 
interval. The multiplying scalar values are determined by 
multiplexors 113 and 119 which propagate one of the values 
for each input set 121 and 122. Resulting modulated sub- 
carrier signal 118, which is the time-domain waveform from 
subcarrier signal generator 109 multiplied 115 by scale - 
factor 117 propagated by multiplexor 113, is linearly 
summed 122 with modulated subcarrier signal 120, which is 
the time-domain waveform from subcarrier signal generator 
111 multiplied 116 by scale-factor 123 propagated by mul- 
tiplexor 119, to form subcarrier group modulated signal 87. 
[0150] Each group of three bits 81 (e.g. the one selection 
bit B x 0 and two phase bits B x a , B x 2 , or equivalently, as 
binary triplets) determines which data input for set 121 (122) 
is propagated by multiplexor 113 (119). The mapping is 
shown below in Table 1 for an embodiment with selection 
and phase bit modulation of the subcarrier signal pairs. As 
a result of the mapping, data-modulated signal 87, which is 
the sum of the modulated subcarrier signal with label 1 109 
and the modulated subcarrier signal with label Q 111, has 
one of eight distinct states. The eight possible states are 
shown in FIG. 16 as constellation "points"500, 501, 502, 
503, 504, 505, 506, and 507 on a graph where abscissa 
values 513 are the amplitude-state of the in-phase (I) signal 
109 and where ordinate values 511 are the amplitude-state of 
the quadrature (Q) signal 111. As described previously, in 
one embodiment of the invention, one of two kinds of 4-ary 
PSK modulations are transmitted for each subcarrier group 
modulator 83 in each baud interval. In FIG. 16, one of the 
two kinds (first kind) of 4-ary PSK modulation is shown as 
points 500, 502, 504, 506; the second kind of 4-ary PSK 
modulation is shown as points 501, 503, 505, 507. Thus, in 
each group of three bits, the value of the selection bit 
determines whether the transmitted signal corresponds to 
one of the points 500, 502, 504, 506, defined as 4-ary PSK 
constellation #1, or one of the points 501, 503, 505, 507, 
defined as 4-ary PSK constellation #2. The two phase bits 
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determine the state within constellation #1 or #2. Preferably, 
the phase bits are Gray-coded within constellations #1 and 
#2 so that adjacent (determined by the Euclidean distance) 
points within the same constellation differ in at most one 
phase bit. The square root of the energy 509 of generated 
signal 87 for each subcarrier group modulator 83 is about 
one (1) when normalized and is about the same regardless of 
the determined phase -state. In Table 1, the scalar value 
±1/V2 is shown as about ±0.707. Table 1 is not the only 
suitable mapping. In general, the characteristics of the 
mapping are i) all points have approximately the same 
energy, ii) all adjacent points are separated by about the 
same minimum Euclidean distance, iii) points within the 
same 4-ary constellation (#1 or #2) correspond to the same 
selection bit value (similarly, points in different 4-ary con- 
stellations have differing selection bit values), and iv) within 
each of the two kinds of 4-ary PSK constellations (#1 or #2), 
adjacent points differ in at most one phase bit position. 
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[0151] The Table 1 mapping is not equivalent to Gray- 
code mapping of a 8-ary PSK constellation. Gray code 
mapping over all eight possible states does not satisfy 
constraint iii). However, it was described previously that in 
a different embodiment, Gray code bit-to-symbol modula- 
tion mapping may be implemented together with rate 
encoding. In this embodiment, the minimum symbol inter- 
leaver size is also three bits or integer multiple thereof. 
Furthermore, the FIG. 7 subcarrier composite signal gen- 
erator may still be utilized, except that the each selection bit 
B x 0 and associated polarity bits B x 1 and B x 2 are considered 
as a binary triple. The resulting modulated signal amplitude 
values for each subcarrier signal (considering the I and Q 
signals in each pair separately) also takes on one of five 
values. 

[0152] An exemplary Gray code bit-to-modulation symbol 
mapping, which is not unique, is shown in Table 2. The FIG. 
7 embodiment of the subcarrier group demodulator is also 
suitable for other bit-to-symbol mappings, for example, 
encoding according to pragmatic trellis coded modulation, 
but with different associations (ordering) between the binary 
triplets and the resulting constellation points. References for 
these modulation methods have been previously described; 
for pragmatic trellis-coded modulation, see also the Q1875 
integrated circuit device pragmatic trellis decoder technical 
data sheet from Qualcomm Incorporated, VLSI Products, 
6455 Lusk Boulevard, San Diego, Calif, 
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Gray-code modulation state mapping. 
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[0153] For a mobile communication system such as IBOC 
DAB where the received signal amplitude varies consider- 
ably over time, the transmitter system may, in certain 
embodiments, transmit , an amplitude reference value or 
signal in order to be able to accurately determine the 
amplitude -modulation state in the receiver for each of the 
subcarrier signals, especially in multipath. Reference signal 
91 (see FIG. 5) is simultaneously transmitted together with 
the data-modulated subcarrier signals 85 for each of the 
upper and lower sideband regions. Each of the upper and 
lower reference signals has a frequency spectrum which 
substantially occupies or is confined within the same spec- 
trum as the composite upper sideband or lower sideband 
signal, respectively. Each of upper and lower sideband 
reference signal 91 may be generated as the linear summa- 
tion of each of the subcarrier signals with a pre-determined 
modulation in each baud interval (e.g. all positive ones, all 
zeroes, alternating ones and zeroes) or with another signal, 
for example, a bandpass-filter representation, which sub- 
stantially occupies the same spectrum. Reference signal 91 
may also be orthogonal or approximately orthogonal to the 
subcarrier signals. For example, a reference signal 91 which 
is wideband and orthogonal to the subcarrier signals may be 
determined by using the known method of Gram-Schmidt 
orthogonalization [reference: G. R. Cooper and C. D. 
McGillem. Modern Communications and Spread Spectrum. 
New York: McGraw-Hill, Inc., 1986, pp. 206-209]. Refer- 
ence signal 91 is transmitted at a power level which is lower 
than the power of the corresponding transmitted composite 
sideband signal; preferably, the reference signal power is no 
more than one-quarter of the composite signal power. Since 
the reference signal is known without ambiguity in the 
transmitter and receiver systems (being unmodulated over 
all baud intervals or modulated with a predetermined pat- 
tern), the amplitude of the signal determined in the receiver 
which corresponds to the reference signal (or its crosscor- 
relation with the ideal reference signal) is a measure of the 
gain variation between the transmitter and receiver. Since 
the reference signal itself may be wideband in certain 
embodiments and occupies substantially the same frequency 
spectrum as the subcarrier signals, the reference signal and 
subcarrier signals may be similarly affected by gain varia- 
tion. In certain circumstances, in place of a distinct reference 
signal, known bits are periodically transmitted, but not in 
every baud interval, as in the prior art methods of transmit- 
ting training patterns. Since said bits do not convey source 
bit information, they are overhead and reduce the source bit 
throughput. An advantage of 8-ary PSK modulation meth- 
ods, whether by Gray coding, pragmatic trellis coding, or 
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selection and phase bit coding, is that the determination of 
the resulting bits is less sensitive to variations in the signal 
strength of the received composite signal when compared to, 
for example, 8-ary amplitude -shift keying (ASK) modula- 
tion methods. 

[0154] The FIG. 7 implementation of signal generators 
109 and 111 for the plurality of subcarrier group modulators 
83 in FIG. 5 may require large amounts of RAM or ROM, 
in certain embodiments. For both upper and lower sideband 
regions considered together, there are, for example, L sub- 
carrier sequences (signals), each with an N element com- 
plex-valued time-domain representation, for example. When 
each complex-valued element in each subcarrier sequence 
requires an average of B bits for implementation with a 
digital memory device (e.g. ROM), then the total memory 
requirement for the plurality of signal generators is about 
NL'B, which may be a substantial amount. In certain 
systems, this may be a disadvantage to implementing wide- 
band subcarrier signals compared to narrowband subcarrier 
signals, for example OFDM signals, which may require 
substantially less memory because the subcarrier signals are 
generated by mathematical functions. 

[0155] The linear sum of the data-modulated wideband 
upper (lower) subcarrier signals, in other words, the upper 
(lower) composite signal, may be generated indirectly by 
mapping each modulated upper (lower) sideband wideband 
subcarrier signal to a plurality of modulated upper (lower) 
sideband narrowband OFDM signals. Once the mapping 
(i.e. the relationship or correspondence) from the wideband 
subcarriers onto the OFDM subcarriers is determined, the 
time-domain representation of the composite wideband sig- 
nal is determined by conventional OFDM modulation, for 
example, with an Inverse Fast Fourier Transform. When 
there are a plurality of L wideband subcarrier signals (L/2 
upper sideband signals and L/2 lower sideband signals) 
mapped onto a plurality of K OFDM subcarriers, K may be 
equal to, but is not necessarily equal to L, and the imple- 
mentation of the mapping requires about 2*(L\K/4) mapping 
coefficients. The IFFT modulation alone requires about N 
complex-valued coefficient memory locations (not including 
exponential kernel tables). When compared to the direct 
implementation of the signal generators as in FIG. 7 where 
there are L-N coefficients, the primary advantage of this 
embodiment is when N, which is the number of elements in 
each subcarrier signal sequence, is large when compared to 
K. 

[0156] FIG. 8 is a block diagram which illustrates the 
implementation of the mapping. The overall IBOC DAB 
signal for both upper and lower sideband regions together 
may be generated at once (i.e. implicitly summed together in 
the method) or the respective composite signals may be 
determined separately for upper sideband composite signal 
57 and lower sideband composite signal 55, and the signals 
summed 59 externally as in FIG. 4. The method is described 
below for the embodiment when the overall IBOC DAB 
signal, representing the sum of the upper sideband and lower 
sideband composite signals, is generated at once. Further- 
more, the modulation of the wideband subcarrier signals is 
as shown in FIG. 7 with the Table 1 bit-to-symbol mapping 
and a selection bit and two phase bits for each subcarrier 
group modulator 83 in each baud interval. However, the 
wideband-to-narrowband mapping method is also applicable 



for other subcarrier modulation methods, for example, 8-ary 
PSK Gray-coded or trellis modulation. 

[0157] In FIG. 7, the amplitude of each orthogonal or 
approximately orthogonal wideband upper sideband subcar- 
rier signal is determined by the combination of the selection 
bit and two phase bits in each baud interval. For the FIG. 16 
constellation of points with the Table 1 bit-to-symbol map- 
ping, the combination of the phase bits together with the 
selection bit results in exactly one of five transmitted ampli- 
tude values (states) for each of the I signal subcarrier and the 
Q subcarrier signal, for each subcarrier pair. The values are: 
+1.0, +0.707, -0.707, -1.0, or zero (0). When there are L/2 
upper (lower) subcarrier signals, there is a sequence of L/2 
upper (lower) amplitude-modulation coefficients (i.e. one of 
the five amplitude-modulation states); each amplitude- 
modulation coefficient is associated with one of the subcar- 
rier signals. Each of the wideband subcarrier signals has a 
frequency spectrum which may be spanned by a correspond- 
ing set of OFDM narrowband subcarrier signals. Each 
wideband subcarrier signal, without consideration of data- 
modulation, may be represented by the linear summation of 
a plurality of OFDM signals, organized as phase-quadrature 
subcarrier signal pairs, each signal in the pair having the 
same frequency, with pre -determined amplitude-modula- 
tion. The projection of each wideband subcarrier signal onto 
the OFDM signals is determined for each OFDM subcarrier 
signal by determining the inner product (also known as the 
dot product) between the wideband subcarrier signal and the 
OFDM signal. The inner product is a scalar value. The 
projection of each upper (lower) wideband subcarrier signal 
onto a plurality of K/2 upper (lower) sideband OFDM 
signals results in K/2 scalar projections. When there are L/2 
upper (lower) sideband subcarrier signals, there are a total of 
K-L/4 scalar projections. The scalar projections for the upper 
(lower) sideband subcarriers are organized as matrix, 
denned as M USB OFDM (M LSB OFDM ), with L/2 rows and K/2 
columns; each row corresponds to a sequence of scalar 
projections for one of the wideband upper (lower) subcarrier 
signals. The sequence of L/2 determined amplitude-modu- 
lation values, which are the five-valued states for each of the 
upper (lower) modulated subcarrier signals, is a matrix with 
one row and L/2 columns. This matrix is multiplied by 
Musb ofdm (M LSB OFr)M ), which results in a matrix (equiva- 
lently, a sequence) with one row and K/2 columns. The 
resulting sequence corresponds to the non-zero upper 
(lower) sideband frequency-domain coefficients, as in FIG. 
6, for the OFDM signals. 

[0158] In the FIG. 8 embodiment, the two sequences of 
determined mapped frequency-domain coefficients for the 
upper and lower sideband regions may be combined (i.e. 
selecting non-zero coefficients from each sequence) to form 
a single frequency-domain coefficient so that a single IFFT 
may be implemented in order to determine the time -domain 
representation of the overall IBOC DAB signal. Upper 
(lower) subcarrier signal bit-to-state-mapper 131 (125) gen- 
erates the amplitude modulation (e.g. +1.0, +0.707, -0.707, 
-1.0, or 0) coefficient from upper (lower) sideband bit 
information 53 (51), which in certain embodiments, are the 
FIG. 7 selection and phase bits in triplets. Upper (lower) 
sideband frequency-domain coefficient generator 133 (127) 
represents the multiplication of the amplitude-modulated 
sequence with the matrix M USB OFDM (M^^fd^, prefer- 
ably implemented with digital arithmetic. Upper (lower) 
sideband frequency-domain coefficient generator 133 (127) 
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may also, in certain embodiments, re-arrange the K/4 pairs 
of determined I and Q amplitude coefficients as a sequence 
of K/4 complex (real and imaginary values) in order to be 
able to implement a conventional complex-valued 1FFT. The 
combined frequency-domain sequences are converted to the 
time-domain representation for IBOC DAB signal 63 by 
IFFT signal generator 129, which may be implemented as in 
the known method of OFDM. 

[0159] When either narrowband or wideband subcarrier 
signals are implemented in the FIG. 4 transmitter system, a 
block diagram of the corresponding IBOC DAB receiver 
invention is shown in FIG. 9. RF tuner 201, including RF 
down-converter 206, optional FM-band reject filter 204, and 
IF turner 208, receives an RF signal by means of an antenna. 
RF tuner 201 receives a RF signal within a bandwidth of 
about 500 kHz (±250 kHz), preferably about 400 kHz (±200 
kHz), around the desired analog FM-band center frequency. 
The received signal may include both an IBOC DAB signal 
in the upper and lower sideband regions and a conventional 
analog FM-band signal. The conventional analog FM-band 
signal is, in general, unrelated to the IBOC DAB signal. The 
received signal from RF tuner 201 is propagated (e.g. with 
a one-to-two signal splitter) to conventional analog FM- 
band signal demodulator 202 in order to recover the analog 
FM-band signal. In certain embodiments, conventional ana- 
log FM-band demodulator 202 may be omitted when only 
the IBOC DAB signal is desired and when the IBOC DAB 
signal does not make use of the analog FM-band signal (i.e. 
for synchronization). Certain of the remaining processes 
described herein are required only for the determination of 
the IBOC DAB signal. 

[0160] In tuner 201, the received RF signal, which is a 
voltage or current signal, is amplified and filtered with a 
bandpass filter to remove interference and noise which is 
significantly outside of the bandwidth of the composite 
IBOC DAB signal. The RF signal is typically frequency 
translated by RF down-converter 206 to a lower frequency, 
known as the intermediate frequency (IF), for further band- 
pass filtering and processing in IF tuner 208. In certain 
embodiments, the IBOC DAB receiver includes two stages 
of IF frequency-translation. For conventional analog FM- 
band signals, the first IF is typically about 10.7 MHZ. In 
some digital systems, the first and/or second IF frequency is 
zero, so that tie remaining processes are implemented with 
complex (real and imaginary) digital arithmetic. For mobile 
receivers, RF tuner 201 also accomplishes the function of 
automatic gain control (AGC), or at least coarse AGC, so 
that the received signal energy is made to be approximately 
constant. The AGC function is typically accomplished in IF 
tuner 208. The specific characteristics of RF tuner 201 which 
are relevant for recovery of the IBOC DAB signal in the 
receiver when compared to a conventional analog FM-band 
tuner are i) tuner 201 for IBOC DAB uses linear amplifi- 
cation and does not substantially clip (limit) the received 
signal as in a conventional analog FM-band tuner, ii) tuner 
201 for IBOC DAB preserves the signal in the IBOC DAB 
sideband regions (about ±200 kHz around the analog FM- 
band center frequency), iii) tuner 201 substantially rejects 
the signal outside of the IBOC DAB sideband regions, 
beyond ±200 kHz, and iv) tuner 201 has sufficient frequency 
accuracy (within about 100 ppm open-loop) and good phase 
stability (typically less than 200 Hz/s deviation) so that the 
variations in the frequency due to the implementation of the 
tuner IF frequency-translation are within the tracking-range 



of the IBOC DAB receiver clock recovery subsystems. 
Optional FM-band reject filter 204 substantially mitigates 
the on-channel and co-channel analog FM-band signals in 
order to i) reduce the dynamic range required for subsequent 
processing in IF tuner 208, ii) reduce the effect of the analog 
FM-band signal on AGC operation for IBOC DAB signal 
recovery, and iii) reduce the bit width requirement for 
analog-to-digital conversion and subsequent subcarrier 
demodulation. In certain embodiments, optional FM-band 
reject filter 204 may be implemented as two bandpass filters 
summed in parallel (one bandpass filter for the upper side- 
band region only and one bandpass filter for the lower 
sideband region only), or as a notch (non-zero IF) or 
highpass (zero IF) filter at the analog FM-band center 
frequency. 

[0161] The received RF signal is converted (quantized) 
from an analog representation (i.e. voltage or current) to a 
digital representation by analog-to-digital converter (ADC) 
203. The number of bits in the implementation of ADC 203 
is chosen to preserve sufficient dynamic range in the quan- 
tized signal so that the irreducible error level caused by ADC 
quantization noise does not significantly degrade the 
receiver performance. Typically, the number of bits for ADC 
203 is between six (6) and twelve (12), inclusive. The 
advantages of diminishing the analog FM-band signal prior 
to analog-to-digital conversion are described above. When 
the final stage IF has zero frequency, which corresponds to 
a complex-valued baseband representation of the received 
signal, two ADC devices 203 are implemented in parallel 
(not shown), one ADC for the in-phase carrier frequency 
signal component (real part), and one ADC for the quadra- 
ture carrier frequency signal component (imaginary part). 

[0162] The received and quantized signal in the FIG, 9 
receiver is made synchronous with the transmitter in both 
baud frequency and carrier frequency by baud clock recov- 
ery 205 and carrier frequency recovery 207 subsystems. 
Typically, these functional blocks are implemented with 
early/late or pulse-swallowing algorithms, phase-lock loops 
(PLLs) and voltage -controlled oscillators (VCOs), and/or 
frequency-lock loops (FLLs). The overall function of recov- 
eries 205 and 207 is to eliminate frequency offsets caused by 
variations in components and the effect of Doppler fre- 
quency shift. The synchronization also establishes the 
proper timing (i.e. phase relationship) for demodulation of 
the subcarrier signals. 

[0163] Baud clock recovery 205 and carrier frequency 
recovery 207 subsystems may make use of reference signal 
91, which was transmitted simultaneously with the data- 
modulated signals in certain embodiments. In the transmit- 
ter, separate upper sideband and tower sideband reference 
signals 91 are generated and combined. However, in many 
embodiments, the reference signals are synchronized in both 
baud frequency and baud alignment. Then, in the receiver, 
the baud clock is recovered for one of the two transmitted 
reference signals, either the upper sideband reference signal 
or the lower sideband reference signal. An advantage of 
separate upper and lower sideband reference signals 91 
which are synchronized is that when first-adjacent analog 
FM-band interference substantially disturbs the reference 
signal in one of the IBOC DAB sideband regions, the 
remaining reference signal may be substantially unaffected, 
so that the baud synchronization is not disturbed. 
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[0164] In certain embodiments, baud clock and carrier 
frequency recoveries 205 and 207 are implemented inde- 
pendently for the determination of the upper sideband com- 
posite signal and the lower sideband composite signal. 
Recoveries 205 and 207 may operate simultaneously in 
order to determine separate estimates of the received signal 
baud frequency and the received signal carrier frequency, 
but only one of the determined baud/carrier frequency 
estimates is used at a time to update the tracking mecha- 
nisms which control the down-conversion frequency in RF 
tuner 201 and/or the sample-clock for ADC 203. Consider- 
ing the sideband regions 11 and 13 independently, the upper 
or lower baud and carrier frequency recovery algorithms 
may be implemented with known means for either narrow- 
band pilot reference signals, sometimes known as "trans- 
parent-tone-in-band" (TUB) [reference: W. T. Webb and L. 
Hanzo, ibid., pp. 293-308] or wideband reference signals, 
for example, as described by Solomon, et. aL, in U.S. Pat. 
No. 5,272,724. 

[0165] In certain embodiments, the determination as to 
which baud and carrier frequency estimate is used for 
tracking purposes may be made by determining which 
estimate corresponds to a higher signal-to-noise ratio (SNR) 
at the receiver. Since the upper and lower sideband reference 
signals are synchronized, it may be sufficient to determine 
which of the upper or lower baud frequency estimates is less 
likely to be disturbed (having a larger SNR) and then make 
use of both the baud clock frequency and carrier frequency 
estimates for the corresponding sideband. In certain embodi- 
ments, the received SNR may be determined by computing 
the magnitude of the crosscorrelation function between the 
received reference signal and a stored replica of the undis- 
torted reference signal implemented in the receiver system 
or by computing the magnitude of the autocorrelation func- 
tion between the received reference signal and itself. The 
ratio of the maximum (peak) magnitude of the autocorrela- 
tion or crosscorrelation function to a value of function away 
from the peak is a measure of the SNR (i.e. peak-to -sidelobe 
ratio). The received reference signal estimate with the larger 
SNR (larger peak-to -sidelobe ratio) is utilized to update the 
tracking systems. 

[0166] The determination as to which of the upper side- 
band or lower sideband reference signals is used to update 
the tracking mechanisms may be dynamic and responsive to 
changes in the RF channel and interference characteristics. 
In certain embodiments, separate upper sideband and lower 
sideband determination of the baud and carrier frequency 
may not be necessary when the reference signal 91 is 
unlikely to deleteriously affected by large amounts of inter- 
ference in either the upper sideband region 11 or lower 
sideband region 13 alone. For example, separate upper and 
lower sideband baud clock determination is not necessary 
when the IBOC DAB baud clock is synchronized to the 
analog FM-band signal 19 kHz stereo pilot (which is a form 
of a reference signal) in the transmitter system. A method of 
synchronizing an IBOC DAB signal the analog FM signal 
stereo pilot is known; see U.S. Pat. No. 5,278,826 to 
Murphy, et. al. 

[0167] The relatively large amount of power in the 1 9 kHz 
stereo pilot signal and its proximity to the analog FM-band 
center frequency cause the analog FM-band stereo pilot 
signal to be substantially unaffected even by large amounts 
of first-adjacent interference. A disadvantage of synchroniz- 



ing the IBOC DAB signal to the 19 kHz stereo pilot is that 
the analog FM-band signal is required to be demodulated in 
addition to the IBOC DAB signal in order to properly 
synchronize the IBOC DAB signal, described previously. In 
addition, there may be circumstances in which the analog 
FM-band signal is significantly distorted by, for example, 
multipath, which may affect the 19 kHz stereo pilot signal, 
but not substantially distort the spectrum .occupied by the 
IBOC DAB signal. 

[0168] After synchronization 205 and 207, the quantized 
signal is optionally equalized by adaptive equalizer 209 in 
order to partially compensate for the effects of RF signal 
dispersion caused by the frequency-selective characteristics 
of the RF propagation channel. Adaptive equalizer 209 also 
mitigates phase and amplitude errors caused by implemen- 
tation loss in the transmitter and receiver systems. Equalizer 
209 may be implemented with a finite-impulse response 
(FIR) transversal filter or an infinite-impulse response (IIR) 
filter or a combination thereof. The coefficients of the 
equalization filter are determined by a tap-weight update 
algorithm and are updated at a rate sufficient to reasonably 
track changes in the RF propagation characteristics. Known 
methods for equalization include, but are not limited to, 
minimum mean square estimation (MMSE), least mean 
square (LMS), and recursive least square algorithms (RLS). 
Decision-feedback equalization, where the tap-weight coef- 
ficients are determined using bit estimates determined after 
demodulation of the received signal, may also be imple- 
mented. 

[0169] In certain embodiments, the equalization algorithm 
may utilize the transmitted reference signal in order to 
determine the RF channel propagation characteristics. 
Recovery of the narrowband or wideband reference signal 
may be accomplished by methods such as bandpass filtering, 
correlation with an undistorted replica of the reference 
signal in the receiver for orthogonal or approximately 
orthogonal reference signals, and/or accumulation of the 
reference signal over a plurality of baud intervals so that 
random data signal components approximately cancel out. 

[0170] After optional equalization 209, resulting signal 
211 is propagated to both upper sideband composite signal 
demodulator 213 and lower sideband composite signal 
demodulator 215. Composite signal demodulators 213 and 
215 correlate the received IBOC DAB signal with replicas 
of the subcarrier signal waveforms to determine correlation 
sums (or functions thereof) for the upper sideband compos- 
ite signal and lower sideband composite signal. The corre- 
lation sums are determined at the nominal sampling point, 
which is equivalent to sampling the matched filter output for 
each of the subcarrier signals. Upper sideband composite 
signal demodulator 213 determines upper sideband compos- 
ite signal correlation sums 217 for the one or a plurality of 
upper sideband subcarrier signals in each signal baud. The 
upper sideband subcarrier signals may be narrowband (e.g. 
OFDM) or wideband within the upper sideband region 11. 
Similarly, lower sideband composite signal demodulator 215 
determines lower sideband composite signal correlation 
sums 219 for the one or a plurality of lower sideband region 
subcarrier signals, narrowband or wideband, in each signal 
baud. Each correlation sum 217 (219) determined by each 
subcarrier group demodulator 213 (215) in each baud inter- 
val is represented by one or a plurality of bits. The resulting 
sequences of upper (lower) sideband correlation sums 217 
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(219) axe deinterleaved in symbol deinterleaver 221 (223). 
Symbol deinterleavers 221 and 223 reverse the shuffling 
function of corresponding interleaver 43 in the FIG. 4 
transmitter system. While there is only one interleaver 43 in 
certain transmitter system embodiments, separate symbol 
deinterleavers 221 and 223 are needed in the FIG. 9 receiver 
system because the encoded source bit information is con- 
veyed redundantly by subcarrier signals in both the upper 
and lower sidebands. The determination of the correlation 
sums (and subsequently bit estimates) in the upper sideband 
region 11 is independent of the determination of the corre- 
lation sums (bit estimates) in the lower sideband region 13 
except for the common synchronization. In other words, the 
IBOC DAB composite signals in the upper sideband region 
and lower sideband region are received together and syn- 
chronized together (i.e. tracked together but using frequency 
estimates from only one sideband region at one time) but are 
demodulated and ECC decoded independently. 

[0171] It is not necessary that the upper sideband com- 
posite and the lower sideband composite signal are synchro- 
nized and equalized together in the receiver, but in general, 
the shared synchronization tracking and equalization sys- 
tems simplify the implementation of the receiver. In the 
embodiment (not shown) where either the upper sideband 
composite signals or the lower sideband composite signals 
are offset in frequency by an amount ±1/(2- AT) in the 
transmitter system, the offset is removed in the receiver 
system. Preferably, a common upper and lower sideband 
carrier frequency tracking device (e.g. voltage or numeri- 
cally-controlled oscillator) is implemented, but a frequency 
offset that is opposite in polarity to the offset implemented 
in the transmitter system and with the same magnitude is 
added to the affected upper or lower sideband composite 
signal prior to correlation and bit estimation. The overall 
IBOC DAB signal and analog FM-band signal together 
spans a bandwidth of about 400 kHz, including the analog 
FM-band signal 7 center region. The total bandwidth is a 
small percentage of the FM-band RF carrier frequency (less 
than about one percent), so that substantially all frequencies 
within the IBOC DAB signal bandwidth are similarly 
affected by Doppler frequency variation and oscillator com- 
ponent variations. However, there may be significant varia- 
tion in the received signal's phase due to the effects of 
frequency-selective multipath. 

[0172] After deinterleaving 221 and 223, correlation sums 
225 for the upper sideband composite signals over a plural- 
ity of baud intervals are propagated to upper sideband bit 
estimator 231. Deinterleaved correlation sums 227 for the 
lower sideband composite signals over a plurality of baud 
intervals are, in certain embodiments, delayed in time by 
diversity delay 229, and then propagated to lower sideband 
bit estimator 233. Diversity delay 229 is implemented with 
a RAM, shift-register, or FIFO memory device, similar to 
diversity delay 45 in the FIG. 4 transmitter system. The 
function of diversity delay 229 in the FIG. 9 receiver system 
is to compensate for the optional incorporation of corre- 
sponding diversity delay 45 in the transmitter. When delay 
45 is omitted in the transmitter system, corresponding delay 
229 is omitted in the receiver system. When transmitter 
system diversity delay 45 precedes the upper sideband 
composite signal generator, receiver system diversity delay 
229 follows the lower sideband composite signal demodu- 
lator. When the transmitter diversity delay precedes the 
lower sideband composite signal generator, the receiver 



diversity delay follows the upper sideband composite signal 
demodulator and deintcrleaver (not shown). 

[0173] The lower sideband composite signal correlation 
sums 235, after deinterleaving 223 and delaying 229, are 
time-aligned so that correlation sums 225 for the upper 
sideband composite signals correspond to the same encoded 
source bit information ECC codeword; in other words, in the 
absence of errors, the determined bit estimates are substan- 
tially identical. Alignment ensures that the bit estimates for 
the codewords which are subsequently compared are for the 
same transmitted codeword despite the presence of diversity 
delay. Diversity delay 229 and deinterleaver 223 may be 
exchanged in position without affecting resulting correlation 
sums 235. 

[0174] The implementation of delay 229 in the receiver 
system is different when compared to delay 45 in the 
transmitter system because delay 229 adds latency to the 
correlation sums or bit estimates. Each demodulator corre- 
lation sum or bit estimate may require one or a plurality of 
bits. Thus, although diversity delay 45 and 229 represent the 
same amount of time, the memory requirement of delay 229 
is greater than the memory requirement of delay 45 by a 
factor which is the increase in the number of bits (beyond 
one) in each correlation sum, or function thereof. It was 
previously described that delay 229 is at least 10 millisec- 
onds and less than about 500 milliseconds, preferably equal 
to or less than about 250 milliseconds, in certain embodi- 
ments. 

[0175] In the FIG. 9 receiver embodiment, the upper and 
lower sideband subcarrier signal correlation sum samples 
are deinterleaved prior to bit estimating 231 and 233. In 
another embodiment (not shown), the correlation sums from 
demodulation of the subcarrier signals are used to determine 
bit estimates, and the resulting bit estimates are deinter- 
leaved prior to ECC decoding. In either case, the re-ordering 
algorithm accomplished by the deinterleavers in the receiver 
system reverses the re-ordering implemented in the inter- 
leaver in the transmitter system, preserving the one-to-one 
correspondence between, for example, encoded bit triplets 
for 8-ary modulation in the transmitter system and demodu- 
lated subcarrier I and subcarrier Q correlation sum pairs for 
each subcarrier group, or triplet bit estimates (not shown) in 
the receiver system, 

[0176] Upper (lower) bit estimators 231 (233) first deter- 
mine encoded bit (i.e. codeword) estimates by making use of 
correlation sum values 225 (227) from demodulation of the 
upper (lower) subcarrier signals, or functions thereof. The 
codeword bit estimates are then decoded, in certain embodi- 
ments within estimators 231 (233), according to an ECC 
and/or trellis decoding algorithm in bit estimators 231 (233) 
to generate (scrambled) source bit estimates 232 (228), 
which are the decoded codewords. The ECC and/or trellis 
code decoders in bit estimators 231 and 233 implement the 
ECC and/or trellis decoding algorithm(s) which correspond 
to the ECC and/or trellis encoding algorithm(s) implemented 
in transmitter ECC encoder 41. As described previously, in 
certain embodiments, it is preferable that the ECC code be 
about an average rate ¥3 convolutional code, trellis code, 
block code, or combination thereof, with equal error pro- 
tection (EEP) or unequal error protection (UEP). When 
convolutional encoding is implemented, the resulting code- 
word has a finite bit length (terminated with tail bits), 
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according to the invention. Estimates of the source bit 
information in each transmitted codeword are determined 
independently by upper (lower) sideband signal bit estima- 
tors/ECC decoders 231 (233) in the receiver since both 
upper 11 and lower 13 sideband signals are modulated by the 
same (encoded) source bit information in the transmitter, 
according to the invention, 

[0177] The details of the ECC decoding method for a 
given ECC encoding method (e.g. convolutional encoding 
and Viterbi soft -decision decoding) are known in the coding 
art. For example, a convolutional encoder and punctured 
Viterbi decoder integrated circuit (IC) device (part Q1650), 
and a decoder IC for rate Vz 8-ary pragmatic trellis-coded 
modulation (part Q1875) are available from Qualcomm 
Incorporated, VLSI Products, San Diego, Calif. In many 
embodiments, a single decoder implementation with suffi- 
ciently high throughput is time-shared to accomplish the 
decoding of both the upper and lower codewords in order to 
minimize the implementation complexity. For example, 
when the encoding method is a convolutional code, in 
certain embodiments, a single integrated circuit implemen- 
tation of the Viterbi algorithm is used to decode first the 
upper sideband codeword and then the lower sideband 
codeword, or vice versa, 

[0178] In the FIG. 9 receiver system embodiment, two 
source bit sequence estimates, which are ECC decoded 
codewords 232 and 228, for each transmitted ECC code- 
word are generated by the ECC decoders in bit estimators 
231 and 233; source bit sequence estimate 232 from the 
demodulation and decoding of one or a plurality of upper 
sideband composite signals, and source bit sequence esti- 
mate 228 from the demodulation and decoding of one or a 
plurality of lower sideband composite signals. In the 
absence of errors, source bit estimates 232 and 228 are 
substantially equal since the same codeword (i.e. encoded 
source bit information) is represented by both the upper 
sideband and lower sideband composite signals after latency 
compensation for the optional diversity delay. Source bit 
estimates 232 and 228 are determined for each transmitted 
codeword. Since the codeword has a specific length in bits, 
the source bit estimates are also grouped into one or a 
plurality (blocks) of bits. s 

[0179] In many circumstances, one of the two determined 
source bit estimates (232 or 228) from the demodulation and 
decoding of either the upper or lower subcarrier signals for 
a specific block of source bits, which corresponds to a 
plurality of baud intervals, may be substantially more likely 
to contain decoded bit errors than the other estimate, espe- 
cially when there is a significant amount of first- adjacent 
analog FM-band interference or frequency-selective distor- 
tion in one of the upper or lower, but not both, sideband 
regions, or when there is short-duration interference within 
the diversity delay. 

[0180] Upper (lower) bit estimator 231 (233) makes use of 
the correlation sums determined from upper (lower) side- 
band composite signal demodulator 213 (215) to generate bit 
estimates 234 (230), which are the codeword estimates prior 
to ECC decoding, and to generate scrambled source bit 
estimate 232 (228) after ECC decoding. Codeword diversity 
selector 241 determines for each pair of upper and lower 
codeword estimates 234 and 230 whether to i) select one of 
the corresponding source bit (decoded) estimates 232 or 228 



(the decoded codeword least likely to be in error), discarding 
the other decoded codeword, or, optionally, to ii) combine 
both codeword estimates 234 and 230 together prior to final 
ECC decoding in order to increase the signal-to-noise ratio. 

[0181] The determination is made on a codeword-by- 
codeword basis, so that, for example, during a specific 
interval of time, which in certain embodiments is a plurality 
of baud intervals, a decoded codeword which corresponds to 
the upper sideband subcarriers may be selected, while in the 
subsequent interval, a decoded codeword which corresponds 
to the lower sideband subcarriers may be selected. Thus, for 
each pair of upper and lower subcarrier signal codeword 
estimates, the determination at codeword diversity selector 
241 as to which of the upper or lower decoded codewords is 
selected (propagated) or whether the upper and lower code- 
words are combined, decoded, and propagated, is dynamic 
over time and responsive to changes in the receiver's RF 
environment. Furthermore, the determination does not 
require a priori knowledge of which codeword estimate is 
more likely to have bit errors. 

[0182] Codeword diversity selector 241 propagates 
decoded codeword 243, which in certain embodiments, is 
either source bit estimate 232 or 228. Source bit estimate 
243 is the source (user) message bit estimate, except that it 
is typically bit-scrambled because of scramblers) 39 in the 
FIG. 4 transmitter system. Descrambler(s) 245 reverses the 
scrambling function of scramblers) 39 in the transmitter. 
Message estimate 247, after descrambling, substantially 
resembles transmitted source message 37, except for the 
occurrence of bit errors. 

[0183] The primary advantage to combining estimates for 
selector 241 in certain circumstances, rather than always 
selecting between two estimates, is that when the amount of 
degradation to the signals in the upper and lower sidebands 
is approximately equal (taking into consideration diversity 
delay), combining the codeword estimates 228 and 232 
increases the effective signal-to-noise ratio (SNR). For 
example, when the primary signal impairment is flat-spec- 
trum background noise, it is desirable to combine codeword 
estimates. 

[0184] In certain embodiments, instead of combining the 
upper and lower sideband signal codeword estimates, the 
demodulator upper and lower sideband signal correlation 
sum samples determined from matched filtering the subcar- 
rier signals are combined (summed), and the combined 
codeword estimate is determined by bit estimation from the 
summed upper and lower sideband correlation sums. Since 
the upper and lower sideband signals are modulated using 
the same ECC codeword in the transmitter system (with 
latency compensation when diversity delay is implemented), 
the correlation sum samples for the upper and lower side- 
band signals add coherently for the desired signal contribu- 
tion and add incoherently for noise and uncorrelated inter- 
ference, resulting in an effective increase in the detection 
signal-to-noise or signal-to-interference ratio. However, 
when the effective SNR for either the demodulated upper or 
lower sideband signals, over the plurality of baud intervals 
which corresponds to a codeword, is less than or equal to 
about zero (0) decibels, combining results in a degradation 
in performance, when compared to selecting between code- 
words. Thus, codeword diversity selection 241 propagates 
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the decoded combination of the upper and lowers sideband 
codeword estimates only in certain circumstances, according 
to the invention. 

[0185] A block diagram of a specific embodiment of 
codeword diversity selector 241 is shown in FIG. 13. 
Decoded codeword estimate 232 for upper sideband ECC 
codeword estimate 234 is re-encoded 251 using the same 
ECC method as in encoder 41 in the transmitter system. 
When convolutional ECC encoding methods are imple- 
mented, re-encoding 251 may be implemented with linear 
feedback shift registers (LFSR). LFSR devices for re-en- 
coding may be implemented with low complexity so that 
convolutional codes may be preferable over block codes in 
certain embodiments. Similarly, decoded codeword estimate 
228 for lower sideband ECC codeword estimate 230 is also 
re-encoded 253 using the same ECC method as transmitter 
ECC encoder 41. The function of ECC re-encoders 251 and 
253 is to generate re-encoded ECC codeword estimates 279 
and 281, respectively, from the decoded estimates. The 
re-encoded codeword estimates may then be compared to 
codeword estimates 234 and 230, respectively, which are 
determined prior to ECC decoding. 

[0186] Each bit estimate in ECC codewords 234 and 230 
may be one bit (hard-decision ECC decoding) or a plurality 
of bits (soft-decision ECC decoding). In order to be able to 
compare re-encoded codeword 279 to codeword 234, and 
re-encoded codeword 281 to codeword 230, codewords 234 
and 230 are quantized by one -bit (hard decision) quantizers 
355 and 353, respectively, so that soft-decision information 
is discarded for diversity comparison purposes (soft-deci- 
sion information is preserved for decoding the codeword, 
though). When there are no bit errors in codeword bit 
estimates 234 and 230, re-encoded codewords 279 and 281 
will substantially resemble hard-limited codewords 234 and 
230, respectively. 

[0187] In the FIG. 13 embodiment, for each ECC code- 
word, the number of bit positions which differ (ie. the 
Hamming distance) between the one -bit quantized code- 
word estimate prior to ECC decoding and the re-encoded 
decoded codeword estimate is determined. The bit difference 
is a non-negative integer. The bit difference may be com- 
puted by comparing codewords 230 and 234, after hard- 
limiting 353 and 355, and corresponding re-encoded code- 
word estimates 281 and 279, respectively, with a 
mathematical "exclusive-or" (XOR) functions 257 and 255. 
The XOR function has two binary digit inputs and results in 
the binary digit one if, and only if, the binary inputs are 
unequal; otherwise, the XOR function results in the zero 
value. In order to count the number of differing positions 
over the plurality of bits in the codeword, the XOR function 
result controls a binary counter. Whenever the XOR function 
results in the binary value one, the counter is incremented. 
The counter is preset to zero at the start of the comparison 
of each pair of codewords. 

[0188] Separate XOR functions and counters are imple- 
mented for each of the upper sideband and lower sideband 
codeword estimates in codeword diversity selection 241, in 
certain embodiments. For the upper sideband signals, XOR 
function 255 results in binary one whenever the correspond- 
ing elements of hard-limited 355 codeword 234 and re- 
encoded codeword 279 differ; zero otherwise. Whenever the 
result of XOR 255 is binary one, binary counter 259 is 



incremented by one. Similarly, XOR function 257 compares 
the corresponding elements of hard-limited 353 codeword 
230 and re-encoded codeword 281 for the lower sideband 
subcarriers. Counter 261 increments by one whenever the 
result of XOR 257 is binary one. 

[0189] Both counters 259 and 261 are preset to binary 
value zero at the start of the comparison for each pair of 
upper and lower sideband codewords. The number of bits B c 
in the implementation of binary counters 259 and 261 is such 
that the maximum possible count value, 2 B C -1, is equal to 
or greater than the number of bits in the ECC codeword, so 
that counter overflow is not possible. For each codeword, 
counter value 263 accumulated for the upper sideband signal 
codeword is compared to counter value 265 accumulated for 
the lower sideband signal ECC codeword in comparison 
device 267. Comparison 267 is made once per pair of 
received upper and lower sideband codewords and only after 
the differing bit positions have been counted over the 
plurality of bits in the codeword. Comparison device 267 
results in integer value 269, which is used to control 
multiplexor 271. When comparing counter values, the 
counter 259 or 261 with the larger value indicates that there 
are a greater number of differences in bit positions between 
the codeword estimate and the re -encoded codeword esti- 
mate. In many circumstances, the codeword with the corre- 
sponding larger counter value 263 or 265 is more likely to 
have erroneous decoded bits. Thus, in certain embodiments, 
multiplexor 271 propagates upper sideband decoded code- 
word 232 when counter value 263 is less than counter value 
265, and multiplexor 271 propagates lower sideband 
decoded codeword 228 when counter value 265 is less than 
counter value 263. Codeword diversity selector 241 propa- 
gates the decoded codeword 228 or 232 which is least likely 
to have bit errors. 

[0190] In certain embodiments, when counter values 263 
and 265 are about equal, either (e.g. randomly) decoded 
estimate 232 or 228 is propagated. As described previously, 
when the effective SNR is negative or close to zero decibels 
for either the upper or lower sideband signals, but not both, 
then it may be disadvantageous to combine codewords. 

[0191] However, in certain circumstances, when the upper 
and lower codeword estimates are about equally likely to be 
erroneous, there may be an advantage to propagating neither 
decoded bit estimate 232 nor 228, but rather a third decoded 
bit estimate obtained from combining information from both 
codewords 234 and 230. According to certain embodiments 
of the invention, especially for soft-decision decoding for 
each bit estimate, it is advantageous to combine (sum) 273 
codeword estimates 234 and 230 instead of selecting 
between their corresponding decoded estimates when 
counter values 263 and 265 are substantially equal. In FIG. 
13, this embodiment is shown as optional (dotted) third input 
277 for multiplexor 271. Codeword estimates 230 and 234 
are summed 273 together linearly and the resulting summed 
codeword estimate is decoded 275, resulting in decoded bit 
estimate 277. Multiplexor 271 propagates signal 277 when 
counter values 263 and 265 are substantially equal as 
determined by comparison device 267, otherwise propagat- 
ing signal 232 (228) when counter value 263 is less than 
(greater than) counter value 265. When soft-decision decod- 
ing is implemented in the receiver, it is not a requirement of 
the invention to combine estimates instead of selecting 
between them. In certain embodiments, the additional com- 
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plexity and/or delay associated with combining the code- 
word estimates may be undesirable. 

[0192] The threshold scalar value for determining whether 
to combine and decode the upper sideband and lower 
sideband signal codeword estimates or to select between 
decoded codeword estimates may be evaluated by experi- 
mental trials or by numerical simulation of the transmitter 
and receiver system with the anticipated noise, multipath, 
and interference conditions and by varying the value of the 
threshold parameter. For example, the correspondence 
between counter values and the IBOC DAB receiver BER 
performance may be tabulated at different SNR values. 
When a counter value determined for a codeword signifi- 
cantly exceeds the value found to be associated with the 
probable occurrence of decoded bit errors, then the code- 
word may be discarded (selected against) or disqualified for 
possible combination. In certain embodiments, decoding of 
the combined codeword is not performed until after the 
determination whether to combine has first been made by 
decoding the upper and lower sideband signal codewords 
and comparing to the threshold value. An embodiment with 
lower latency is to decode the combined codeword in 
parallel with the decoding of the upper and lower codewords 
but propagating the combined decoded codeword result only 
if the threshold condition is satisfied. When conditional 
combination of codewords is implemented, the decoding of 
the combined codeword may be computed in parallel with or 
subsequent to the evaluation of the upper and lower code- 
words separately, depending upon limitations in implemen- 
tation complexity and the speed of the ECC decoding 
algorithm with respect to the desired bit rate throughput. 

[0193] The specific embodiment of codeword diversity 
selector 241 in FIG. 13 uses the codewords and the decoded 
and re-encoded codewords in order to determine which 
decoded codeword in each pair of codewords to propagate as 
the source bit estimate or whether to combine codewords 
and then ECC decode. The implementation is suitable for 
convolutional and/or block ECC methods. In another 
embodiment shown in FIG. 14(a), preferably when convo- 
lutional encoding methods are implemented with hard- 
decision or soft-decision Viterbi decoding, the determination 
as to which codeword to propagate, or whether to combine 
codewords, is made by comparing the accumulated branch 
metrics which are calculated by the ECC decoding algo- 
rithm. 

[0194] For Viterbi decoding [reference: A. J. Viterbi, 
"Convolutional codes and their performance in communi- 
cations systems/' ibid,], "distance metrics", also known as 
branch metrics, are computed for each of the possible code 
states at each instant in time. The distance metrics are 
accumulated over the codeword and are a measure of the 
Hamming or Euclidean distance (difference) between the 
estimated codeword and valid codewords, according to the 
ECC code, for different paths through the possible codeword 
bit sequence possibilities, known as the code trellis. Upon 
completion of the decoding of the entire codeword, the 
transition bits at each code bit interval associated with the 
path which corresponds to the minimum accumulated dis- 
tance metric through the trellis is determined as having been 
the decoded codeword which was most likely to have been 
transmitted. In the transmitter system, the block of source 
bits for each codeword is terminated with the predetermined 
tail bit sequence prior to convolutional encoding so that the 



final decoded source bit state for each codeword is known in 
the receiver without ambiguity, which is typically the all- 
zeros state (i.e. K-l binary zeroes for a convolutional code 
with constraint length K). 

[0195] In FIG. 14(a), upper (lower) bit estimators 231 
(233) determine codeword estimates from upper (lower) 
correlation sum samples 217 (219). After symbol deinter- 
leaving, resulting upper (lower) codeword estimates 234 
(230) are ECC decoded by Viterbi decoder 239 (237). Prior 
to decoding of each codeword, the accumulated distance 
metrics are reset. The accumulated distance metrics 287 and 
289 at the terminal state (e.g. zeroes state) from Viterbi 
decoders 239 and 237 after decoding of the entire codeword 
for both decoded upper sideband signal codeword 232 and 
decoded lower sideband signal codeword 228 are propa- 
gated to comparison 267, for each pair of received code- 
words. When codeword combining is not implemented, the 
decoded codeword whose accumulated distance metric 287 
or 289 is smaller (lessor Hamming or Euclidean distance) is 
propagated 243 by multiplexor 271. When codeword com- 
bining is implemented, then when the difference between the 
accumulated distances metrics 287 and 289 for the decoded 
upper sideband signal codeword and the decoded lower 
sideband signal codeword, respectively, is less than a thresh- 
old value, the codeword estimates are combined (summed) 
273, then ECC decoded 275, and propagated by multiplexor 
271 as decoded source bit estimate 243. As described 
previously, in many embodiments, a single implementation 
of a "Viterbi decoder may be time-shared for the functions of 
decoders 237, 239, and 275. 

[0196] In the FIG. 14(a) embodiment, the determined bit 
estimates are shown as being shuffled in upper (lower) 
symbol deinterleaver 221 (223) instead of deinterleaving the 
correlation sum samples and then bit estimating, as in FIG. 
9. As described previously, either bit estimates or demodu- 
lator correlation sums may be deinterleaved. For example, 
when 8-ary modulation of subcarrier signal pairs is imple- 
mented in the transmitter system, the corresponding deinter- 
leaver in the receiver system shuffles bit estimates in triplets 
or shuffles correlation sums in pairs. 

[0197] After propagation of the summed branch metrics 
287 and 289, which are accumulated during the Viterbi 
decoding of the upper and lower codewords, respectively, at 
the predetermined terminal state of each codeword, the 
metrics are compared (subtracted) in comparator 267 in 
order to determine which of the upper or lower codeword 
metrics is smaller, or whether the difference between metric 
values is within a predetermined threshold. In certain 
embodiments, multiplexor 271 propagates the decoded 
codeword whose corresponding accumulated branch metric 
is smaller. When codeword combining is implemented, as 
shown in FIG. 14(a), when the difference in metric values 
is less than a predetermined threshold, the upper sideband 
signal bit estimates 234 and lower sideband bit estimates 
230 are combined 273, ECC decoded 275, and propagated as 
resulting (scrambled) source bit estimate 243 by multiplexor 
275. In FIG. 14(a), upper (lower) sideband symbol deinter- 
leavers 221 (223) make use of bit estimates 234 (230). As 
described previously, symbol deinterleaving of either the bit 
estimates or the correlation sums may be implemented in the 
receiver system provided that the correspondence between 
bit groups at the transmitter and resulting bit estimate groups 
at the receiver is preserved. 
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[0198] In general, ECC decoders in bit estimators 231 and 
233 determine scalar comparison metrics, whether differing 
bit counts as shown in the FIG. 13 embodiment, or accu- 
mulated branch sums as described above or other variations, 
so that the resulting metrics may be compared in order to 
determine which of the upper or lower decoded codewords 
to propagate or whether to combine and decode the upper 
and lower codewords (or correlation sums for the code- 
words) together, for each pair of received upper and lower 
codewords. In certain embodiments, instead of comparing 
the upper and lower sideband codeword metrics to one 
another directly, each of the upper and lower sideband 
codeword metrics may be compared to a predetermined 
threshold. When a larger metric value indicates that the 
decoded codeword has increasing bit error probability, then 
when the metric exceeds the threshold, the codeword asso- 
ciated with that metric is disqualified for possible combina- 
tion and propagation. In the event both codewords are 
disqualified, due, for example, to large disturbances in both 
the upper and lower sideband regions when the receiver is 
not in-motion, so that diversity delay is ineffective, the 
receiver may randomly choose one of the decoded code- 
words or indicate probable receiver failure (e.g. mute for 
audio). When neither the upper nor the lower codeword is 
disqualified by threshold comparison, the codeword esti- 
mates or correlation sums are combined and decoded, as 
described previously. 

[0199] When the ECC method implemented in the trans- 
mitter and receiver systems is a concatenated code, for 
example, inner (i.e. closest to the RF channel) convolutional 
coding (first kind of code) with an outer Reed-Solomon code 
(second kind of code), the second code may also provide 
information for codeword diversity selector 241. In certain 
embodiments, the second code includes additional redun- 
dancy digits for error detection only. When the redundancy 
is insufficient to correct additional bit errors beyond some 
number, the decoding algorithm may still detect the presence 
of the "uncorrectable" errors. Decoding of the block code 
allows for the determination of whether or not, the code- 
word, after decoding of the first kind if code, has remaining 
bit errors with a high probability. When a pair of ECC 
codewords is compared in diversity selector 241 and where 
"decode failure flag" information is available from decoding 
of the second kind of code, if the decoding of one of the 
upper or lower sideband signal codewords in each pair 
indicates probable decoder failure, then that (erroneous) 
codeword is discarded, and the other codeword is selected 
for propagation. 

[0200] In certain embodiments, not all of the bits of the 
codeword are made use of in codeword diversity selector 
241. For example, for pragmatic trellis coded modulation 
(PTCM) for orthogonal pairs of upper sideband subcarrier 
signals and orthogonal pairs of lower sideband subcarrier 
signals, the determination whether to select between or 
combine codewords may be made by using the accumulated 
branch metric at the terminating state calculated by the 
Viterbi decoding algorithm for those bits which are encoded 
with, for example, the rate l A binary convolutional code, and 
not the half-plane determining trellis bits. Similarly, for 
concatenated coding, the determination may be made from 
the inner codeword bits only, preferably when the inner code 
is a convolutional or trellis code, so that it is only necessary 



to decode the outer code for the selected inner codeword or 
combined inner codeword, which may simplify receiver 
system implementation. 

[0201] FIG. 14(b) is a block diagram of an embodiment 
for bit estimating and codeword diversity selection when the 
subcarrier signals are modulated in orthogonal I and Q 
signal pairs within each of the upper and lower sidebands 
with rate Vi 8-ary pragmatic trellis-coded modulation 
(PTCM). In certain embodiments, a single PTCM estimator 
and decoder implementation with sufficiently high through- 
put is time-shared for the functions of estimating/decoding 
239 the upper codeword, estimating/decoding 237 the lower 
codeword, and estimating/decoding 275 the combined code- 
word, when combining is implemented. In FIG. 14(b), the 
combined codeword is decoded after bit estimating from 
summation 273 between pairs of upper sideband I signal 
correlation sums X USB 225 with corresponding lower side- 
band I signal correlation sums X LSB 235, and between pairs 
of upper sideband Q signal correlation sums Y USB 225 with 
corresponding lower sideband Q signal correlation sums 
V s * 235, after symbol deinterleaving as shown in FIG. 9. 
The metrics for comparison 267 are accumulated branch 
metric 287 for the upper sideband signals and accumulated 
branch metric 289 for the lower sideband signals at the 
tail-bit state for Viterbi decoding of the rate Vi convolutional 
code. The accumulated branch metrics are reset for each 
codeword. The procedure for comparing metric values is 
independent of the PTCM modulation and was described 
previously. The implementation of a PTCM estimator/de- 
coder for functions 237, 275, 239, without consideration of 
accumulated branch metric comparison, is known; see the 
integrated circuit part Q1875 technical data sheet from 
Qualcomm Incorporated, VLSI Products, San Diego, Calif. 

[0202] Regarding FIG. 9, a block diagram of an embodi- 
ment for each of upper sideband composite signal demodu- 
lator 213 and lower sideband composite signal demodulator 
215 is shown in FIG. 10. The function of upper and lower 
sideband composite signal demodulators 213 and 215 is to 
determine correlation sums (or functions thereof) 217 and 
219, respectively, from received and synchronized IBOC 
DAB signal 211. Each of upper and lower sideband com- 
posite signal demodulators 213 and 215 includes one or a 
plurality of subcarrier group demodulators 295. Each sub- 
carrier group demodulator 295 determines correlation sums 
(or functions thereof) 297 from received signal 211, syn- 
chronized, and possibly equalized, using the one or plurality 
of signals in the respective subcarrier group. Each upper 
(lower) subcarrier group makes use of one or a plurality of 
upper (lower) subcarrier signals from the total upper (lower) 
subcarrier signal set for the sideband. For example, when 
subcarrier group modulator 83 in the transmitter system is 
implemented as shown in FIG. 7, two correlation sums (X 
319 and Y 321) are determined in the subcarrier group 
demodulator in the receiver for each subcarrier group and 
for each baud interval; one correlation sum (X 319) for 
subcarrier signal 109 (also 299), labeled as the in-phase (I) 
signal, and one correlation sum (Y 321) for subcarrier signal 
111 (also 305), labeled as the quadrature (Q) signal. As 
described previously, the labels I and Q are arbitrary for 
wideband subcarrier signals, which are orthogonal or 
approximately orthogonal, but not phase -orthogonal in gen- 
eral. Correlation sums 297 from subcarrier group demodu- 
lators 295 are arranged in a serial sequence of sums by 
parallel-to-serial converter 299 when there is more than one 
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subcarrier group demodulator 295. When the subcarrier 
signals within each sideband are modulated in pairs, for 
example, as in 8-ary PTCM modulation, resulting correla- 
tion sums 297 are organized as a sequence of X and Y 
correlation sum pairs 217 for the upper sideband composite 
signal demodulator and sequence of correlation sum pairs 
219 for the lower sideband composite signal demodulator. 

[0203] In certain embodiments, reference signal 91, which 
may have been simultaneously transmitted together with the 
data-modulated subcarrier signals, is removed from received 
signal 211 prior to subcarrier group demodulators 295 by 
reference signal separator 291, resulting in composite signal 
293, which becomes the common input for demodulators 
295. Reference signal separator 291 may not be necessary 
when the reference signal is orthogonal or approximately 
orthogonal to the subcarrier signals. If reference signal 291 
is not orthogonal to the subcarrier signals, then it may be 
removed by accumulating a reference signal estimate over a 
plurality of baud intervals and subtracting the accumulated 
estimate from the received signal with appropriate gain- 
factor compensation. 

[0204] FIG. 7, described previously, is an embodiment of 
each subcarrier group modulator 83 in the transmitter system 
when one selection bit and two phase bits are used in each 
subcarrier group to determine the transmitted subcarrier 
signal or when an encoded binary triplet determines the 
8-ary modulation signal constellation point. Ablock diagram 
of the corresponding receiver embodiment for subcarrier 
group demodulators 295, in which the correlation sums are 
determined in pairs, is shown in FIG. 11. Received signal 
293, after removal of the reference signal component in 
some circumstances, is propagated to both correlators 301 
and 303. Correlators 301 and 303 determine the correlation 
sum value (i.e. inner product or dot product) between the 
synchronized received signal and signals emitted from in- 
phase (1) subcarrier signal generator 299 and quadrature (Q) 
subcarrier signal generator 305, respectively. Correlators 
301 and 303 may be implemented with multiply-accumulate 
(MAC) digital circuits for digital embodiments and RC- 
integrators with sample -hold circuits for analog embodi- 
ments. As described previously, when QFDM modulation is 
implemented, the subcarriers within each sideband are 
arranged as narrowband signals with the same frequency but 
which are phase-quadrature within the pair. The correlation 
between the received signal and the signal resulting from 
each of the subcarrier signal generators is determined at the 
nominal sampling point. The correlation processing is 
equivalent to matched filtering the received signal with each 
of the subcarrier signal waveforms and determining the 
matched filter result at the nominal sampling (peak) point. 
Subcarrier signal generators 299 and 305 in the receiver 
system emit the same time-domain representation as sub- 
carrier signal generators 109 and 1U, respectively, in the 
FIG. 7 transmitter system and are implemented similarly. 
The result of correlators 301 and 303 are scalar correlation 
sum values 319 and 321, respectively. Correlation sum value 
X 319, for the subcarrier signal in the pair labeled 1299, and 
correlation sum value Y 321, for the subcarrier signal in the 
pair labeled Q 305, are propagated to correlation sum 
quantizers 307 and 309, respectively. Correlation sum quan- 
tizers 307 and 309 reduce the number of bits required for the 
digital representation of the correlation sum values. The 
number of bits in each quantized correlation sum is between 
about three (3) and about twelve (12) bits, preferably about 



six (6) bits in certain embodiments. A disadvantage of a 
larger number of bits is that the memory requirements for 
subsequent deinterleavers 221 and 223 and diversity delay 
229, when implemented, are increased. Quantizers 307 and 
309 determined quantized correlation sums 323 and 325, 
respectively. The two quantized correlation sum values 323 
and 325, computed from received signal 293 and subcarrier 
signals 299 and 305, respectively, are propagated together 
beyond each subcarrier group demodulator 295 as correla- 
tion sura group 297. 

[0205] In certain embodiments (not shown), instead of 
propagating the two correlation sum values for each sub- 
carrier group directly, two or more functions of the corre- 
lation sums prior to quantizers 307 and 309 are determined, 
and the function results are quantized and propagated as 
multiple component signal group 297. In this implementa- 
tion, the functions are such that the correlation sum values 
may be determined without ambiguity by corresponding 
inverse functions after deinterleaving (and diversity delay, in 
certain embodiments). For example, instead of propagating 
correlation sum values X and Y directly, the function Fl, 
which is defined as (X+Y)/2, and the function F2, defined as 
(X-Y)/2, may be calculated, quantized, and propagated 
beyond each subcarrier group demodulator 295. From func- 
tions Fl and F2, correlation sum values X and Y may be 
determined (i.e. reconstructed). Quantized correlation sum 
X is substantially equal to the sum of the quantized functions 
Fl and F2 (i.e. F1+F2) and quantized correlation sum Y is 
substantially equal to the difference between quantized 
functions Fl and F2 (i.e. F1-F2). In certain circumstances, 
an advantage of propagating functions of the correlation sum 
values (e.g. Fl and F2) instead of the correlation sum values 
themselves (e.g. X and Y) for deinterleaving is that the 
deleterious effect of quantizers 307 and 309 may be reduced. 
For example, when the difference between correlation sum 
values X and Y is small, quantization of X and Y to a small 
number of bits directly may distort the difference informa- 
tion. However, quantization of the difference (X-Y) and 
sum (X+Y) substantially preserves the critical information, 
which is the small-valued difference (X-Y) between the 
correlation sum values. In another embodiment, preferably 
for m-ary phase-shift keying (PSK) modulation, instead of 
propagating the correlation sum values, an estimate of the 
phase angle between the subcarrier signal components (i.e. 
the principal value of the arctangent of the ratio Y/X) is 
propagated for each subcarrier pair. Many PSK demodula- 
tion (bit estimating) methods do not need modulus (norm) 
information for the subcarrier signals so that the number of 
bits in each estimate may be reduced. 
[0206] In FIG. 11, quantized correlation sum values 297 
(or functions thereof) for both subcarrier signals 299 and 
305 are propagated beyond each subcarrier group demodu- 
lator 295 in FIG. 9-10. After parallel-to-serial conversion 
298, sequence 217 (219) of upper (lower) sideband com- 
posite signal correlation sum values, as X and Y pairs in 
certain embodiments, are propagated beyond upper (lower) 
sideband composite signal demodulator 213 (215) to symbol 
deinterleaver 221 (223). Symbol deinterleaver 221 (223) 
reverses the shuffling implemented in corresponding inter- 
leaver 43 in the transmitter system. The symbol size in upper 
(lower) symbol deinterleaver 221 (223) is such that each 
deinterleaver symbol includes the plurality of bits for each 
pair of quantized correlation sum values (or functions 
thereof). Since both (i.e. X and Y) correlation sum values 
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together are required in order to determine the selection and 
phase bit estimates, or triplet bit estimates (Gray-coding), or 
trellis bit estimates (including pragmatic variations), for 
each subcarrier group in each baud interval, "symbol" (as 
opposed to "bit") deinterleaving is necessary to preserve the 
association between I signal and Q signal correlation sums. 

[0207] Upon symbol deinterleaving and optional diversity 
delay 229, upper (lower) sideband composite signal corre- 
lation sum values 225 (227) are propagated to upper (lower) 
bit estimators 231 (233). In FIG. 12, a block diagram of bit 
estimators 231 and 233 for the upper and lower sideband 
composite signals is shown. The FIG. 12 embodiment for bit 
estimating in the receiver corresponds to the FIG. 7 sub- 
carrier group modulator transmitter embodiment for selec- 
tion and phase bit 8-ary modulation according to Table 1 . 
Corresponding bit estimating methods for Gray-code modu- 
lation, trellis coded modulation, and pragmatic trellis coded 
modulation (PTCM) are known in the coding art; see 
Ungerboeck and Viterbi references cited previously; for 
PTCM, see also the Q1875 datasheet from Qualcomm 
Incorporated, VLSI Products, San Diego, Calif. Deinterleav- 
ing results in upper (lower) sideband signal correlation sum 
pairs X and Y 225 (235), either by direct propagation 
subsequent to upper (lower) symbol deinterleaver 221 (223), 
or by reconstruction from functions of the correlation sums, 
described previously, which are propagated through deinter- 
leaver 221 (223). 

[0208] When selection and phase bit modulation of the 
subcarrier signal pairs is implemented in the transmitter 
system, then according to certain embodiments of the inven- 
tion shown in FIG. 12, the pairs of X and Y correlation sum 
values for each subcarrier group are used to determine the 
selection bit estimate in selection bit estimator 341 for each 
baud interval. Selection bit estimator 341 generates 
(encoded) selection bit estimate B x 0 346. Each estimate B x 0 
346 may be one (hard-decision) or a plurality (soft-decision) 
of bits. For each transmitted codeword, a sequence of 
encoded selection bit estimates is determined in each of the 
upper and lower sideband signal bit estimators 231 and 233. 
Each soft -decision selection bit estimate, B x 0 , is determined 
at 341 by computing the metric SM: 

c | \X\-\Y\ | (5) 



[0209] The metric S M in Equation (5) is non-negative and 
may be determined by numerical computation using corre- 
lation sums X and Y or by table-lookup. When the received 
signal is normalized so that the subcarrier signal pair energy 
is about one, the denominator in Equation (5) is about one 
and does not need to be computed. When the sum of the 
squared correlation sums is about constant, but not the value 
one, then the numerator in Equation (5) may be divided by 
the square root of the constant. The denominator in Equation 
(5) may also be simplified by replacing the Euclidean norm 
VX 2 +Y 2 with the approximation |X|+|Y| in certain embodi- 
ments. Equation (5) is defined in the invention so that the 
value of the metric S M is closer to zero (0) than one (1) when 
one of the signal points from constellation #2 is transmitted. 
The metric S M value is closer to one (1) than zero (0) when 
one of the signal points from constellation #1 is transmitted. 



Thus, when the FIG. 16 point constellation is implemented 
in the transmitter system according to the Table 1 bit 
mapping, the selection bit in the receiver is estimated as 
binary digit zero when S^j is closer to zero than one. The 
selection bit is estimated as binary digit one when S M is 
closer to one than zero. The metric S M is computed for each 
pair of correlation sums X and Y in each of the upper and 
lower bit estimators 231 and 233. For hard-decision decod- 
ing of the selection bits, the result of the computation of the 
metric in Equation (5) is quantized to one bit, which is 
binary digit zero when S M is closer to one than zero. For 
soft-decision decoding, the metric in Equation (5) may be 
mapped to multiple bit values between, for example, -1 
(closer to zero) and +1 (closer to one). 

[0210] In embodiments where codeword diversity selector 
241 determines differing bit counts between the re-encoded 
decoded codeword and the codeword estimate prior to 
decoding, selection bit sequence 346 is propagated beyond 
upper (lower) bit estimator 231 (233) as part of upper 
(lower) signal group 234 (230) which is the overall code- 
word estimate, including selection and phase bits. The 
selection bit sequence is also ECC decoded by ECC decoder 
329 to generate decoded selection bit estimate 349. ECC 
decoder 329 implements the appropriate ECC decoding 
algorithm for the ECC encoding algorithm that is used to 
encode those source bits in the transmitter system which, 
when encoded, are the selection bits. For example, in certain 
unequal error protection (UEP) embodiments, the ECC 
method for the source selection bits is a rate Vz convolutional 
or block code. ECC decoded selection bit codeword 349 is 
propagated beyond bit estimator 231 (233) as part of 
decoded upper sideband signal group 232 (228). 

[0211] For selection and phase bit modulation, the 
decoded selection bit codeword 349 is re-encoded 331 in the 
receiver system using the same ECC method as imple- 
mented in ECC encoder 41 in the transmitter system for the 
selection bits. For ECC methods with memory (e.g. convo- 
lutional codes), the initial state of the codeword is identical 
for both transmitter ECC encoder 41 and receiver ECC 
re -encoder 331. In many circumstances, re -encoded selec- 
tion bit codeword 337 has substantially fewer bit errors than 
selection bit codeword 346, determined prior to ECC decod- 
ing, as the result of ECC "coding gain." The re-encoded 
selection bit codeword 337 is propagated to multiplexor 333 
as the control input. The re-encoded selection bits 337 
determine whether the 4-ary PSK phase bit estimates, each 
of which represents two encoded phase bits, for either signal 
point constellation type #1 or signal point constellation type 
#2, but not both, are propagated beyond multiplexor 333 as 
phase bit estimate 336 W 17 B x 2 . Once the phase bit estimates 
are determined for each transmitted triplet of selection and 
phase bits, the phase bit codeword 336 is decoded by ECC 
decoder 335 according to the ECC code which is imple- 
mented in ECC encoder 41 in the transmitter system for the 
phase bits (e.g. UEP rate 5 /e code). 

[0212] In certain embodiments, the determined phase bit 
estimates 336 from multiplexor are deinterleaved with a 
secondary symbol deinterleaver (not shown) prior to phase 
bit ECC decoding 335. When the secondary symbol deinter- 
leaver is implemented in the receiver system, there is a 
corresponding secondary symbol interleaver (not shown) in 
the transmitter system. The secondary symbol interleaver in 
the transmitter system shuffles phase bit estimates in pairs, 
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after ECC encoding, but before channel interleaving and 
'8-ary modulation of the encoded selection bits and phase 
bits together, while the secondary symbol deinterleaver in 
the receiver system shuffles the pairs of phase bit estimates, 
after multiplexing, but prior to ECC decoding. The purpose 
of the secondary interleaver and secondary upper and lower 
deinterleavers is to decrease the probability of correlated bit 
errors in decoding the phase bit estimates due to error bursts 
in the re-encoded selection bits. The length of the secondary 
interleaver in the transmitter system and secondary deinter- 
leavers in the receiver system is typically much smaller than 
interleaver 43 and deinterleavers 221 and 223. For example, 
while interleaver 43 and deinterleavers 221 and 223 span 
multiple ECC codewords, the secondary interleaver may 
span only a single codeword. The minimum length of the 
secondary interleaver and secondary deinterleaver is sub- 
stantially greater than the decision length of the ECC 
method for the selection bits so that adjacent phase bit 
estimate pairs 336 are dispersed by the secondary deinter- 
leaver across a bit length substantially greater than the 
selection bit decision length prior to ECC decoding 335. In 
the secondary interleaver (not shown), the symbol size is 
two bits or multiple thereof, so that the pairing between 
phase bits (for 4-ary modulation), is maintained, while in the 
upper and lower secondary deinterleavers, the symbol size is 
sufficient to include the estimates of the two phase bits in 
each pair. In a variation, instead of interleaving the phase 
bits, the re-encoded selection bits are secondary deinter- 
leaved prior to multiplexing 333 and ECC decoding 335 of 
the phase bits. When the re-encoded selection bits are 
secondary deinterleaved in the receiver system, then, in the 
transmitter system, the encoded selection bits are secondary 
interleaved prior to being combined with the encoded phase 
bits. 

[0213] The decoded phase bit codeword estimate is propa- 
gated beyond bit estimator 231 (233) together with the 
decoded selection bit codeword as signal group 232 (228). 
For the FIG. 13 embodiment of codeword diversity selector 
241, phase bit codeword estimate 336 prior to ECC decoding 
is propagated together with selection bit codeword estimate 
346 beyond bit estimator 231 (233) as signal group 234 
(230). 

[0214] In FIG. 12, the inputs for multiplexor 333 are 
phase bit estimates 345 and 347. Each estimate of each 
phase bit may have one (hard-decision) or a plurality (soft- 
decision) of bits which are determined from upper (lower) 
correlation sums Xand Y225 (235) by 4-ary PSK demodu- 
lators 343 and 344. 4-ary PSK demodulator 343 determines 
phase bit estimate 345 with the presumption that a signal 
which corresponds to signal point constellation #1, in other 
words, points 500, 502, 504, or 506, as shown in FIG. 16, 
has been transmitted over one or a plurality of baud inter- 
vals. 4-ary PSK demodulator 344 determines phase bit 
estimate 347 with the presumption that a signal from signal 
point constellation #2, in other words, points 501, 503, 505, 
or 507, as shown in FIG. 16, has been transmitted. When the 
modulation bit-to-symbol mapping shown previously in 
Table 1 is implemented, a re-encoded selection bit estimate 
337 of binary digit zero causes multiplexor 333 to propagate 
the two phase bit estimates from 4-ary PSK demodulator #2. 
Similarly, a re-encoded selection bit estimate of binary digit 
one causes multiplexor 333 to propagate the two phase bit 
estimates from 4-ary PSK demodulator #1. Since only one 
of the phase bit estimate pairs, from either demodulator 343 



or demodulator 344, is propagated for each selection bit 
estimate, it is not necessary to simultaneously determine 
both estimates. In certain embodiments, the demodulation 
(bit estimating) of the phase bits does not occur until after 
the selection bits have been decoded and re-encoded, so that 
the appropriate phase-bit demodulation method (i.e. 4-ary 
demodulator #1 or 4-ary demodulator #2) is known by the 
re -encoded selection bit value. However, simultaneous 
implementation of 4-ary demodulators 343 and 344 may 
result in lower overall latency. 

[0215] In many embodiments, 4-ary PSK demodulators 
343 and 344 are conventional Gray-coded Quaternary 
Phase-Shift Keying (QPSK) demodulators or variations 
thereof. The implementation of Gray -coded QPSK demodu- 
lators 343 and 344, for 4-ary constellations #1 and #2, 
respectively, once given correlation sum values X for the 
in-phase signal and Y for the quadrature signal, together 225 
(235), is known; see, for example, the Q1875 datasheet from 
Qualcomm Incorporated, VLSI Products, San Diego, Calif., 
for an exemplary QPSK configuration. A decision statistic 
and bit mapping for hard-decision 4-ary PSK constellation 
demodulator #1 343 (i.e. the re-encoded selection bit is one) 
is shown below in Table 3. 

TABLE 3 



4-ary PSK Demodulator #1 Mapping. 



Decision 


Signal 


Phase 


Statistic 


Point 


Bits 


|X| < Y, Y > 0 


500 


00 


X > 0, |Y| < X 


502 


01 


1X| < -Y, Y * 0 


504 


11 


X ^ 0, |Y| ^ -X 


506 


10 



[0216] The decision statistic and bit mapping for hard- 
decision 4-ary PSK constellation demodulator #2 344 is 
shown below in Table 4. 

TABLE 4 



4-ary FSK pemodulator #2 Mappjnfi. 



Decision 


Signal 


Phase 


Statistic 


Point 


Bits 


X > 0, Y > 0 


501 


01 


X > 0, Y ^ 0 


503 


11 




505 


10 


X^0J>0 


507 


00 



[0217] In the FIG. 13 embodiment of codeword diversity 
selector 241, the decoded ECC codewords are re-encoded to 
generate selection and phase bit re-encoded codewords. In 
the FIG. 12 bit estimator embodiment 231 and 233 for 
selection and phase bit demodulation of the subcarrier signal 
pairs, the decoded selection bit codeword is re-encoded 331 
in order to determine which kind of 4-ary (#1 or #2) 
constellation is represented by the phase bit estimate. When 
codeword diversity selector 241 makes use of the re -en- 
coded codewords to determine a count of differing bits, as . 
described previously, re- encoded selection bits 337 for the 
upper and lower sideband signal codewords may be propa- 
gated directly to XOR devices 257 and 255, obivating the 
need for re-encoders 253 and 251 in FIG. 13. 
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[0218] The siibcarrier signals in each of the upper and 
lower sidebands have a frequency spectrum which is nar- 
rowband (e.g. OFDM) or wideband (e.g. spread spectrum) 
within the sideband region and are substantially orthogonal. 
Each subcarrier signal's spectrum individually, for wide- 
band signals, or as a composite, for narrowband signals, 
substantially occupies either the upper sideband region or 
the lower sideband region, but not both. In FIG. 11, signal 
generators 299 and 305 for determining correlation sums X 
319 and Y 321 are implemented by storing the time-domain 
representation of the subcarrier waveform shape in a 
memory device (e.g. ROM or RAM) . However, in certain 
embodiments, it may be preferable to implement the 
demodulation of the plurality of subcarrier signals simulta- 
neously, similar to the modulation of the plurality of sub- 
carrier signals simultaneously in the FIG. 8 transmitter 
system modulator. When the subcarrier signals are narrow- 
band OFDM signals, known Fast Fourier Transform (FFT) 
methods [reference: W. Y. Zou and Y Wu, "COFDM: an 
overview/' ibid.] accomplish the demodulation of the sub- 
carrier signals simultaneously. However, FFT methods may 
not be directly implemented for wideband subcarrier signals 
because the FFT basis signals are narrowband sinusoids. In 
certain embodiments of the invention, wideband subcarriers 
signals may be simultaneously modulated and combined 
(summed) with IFFT processing to generate the time<lo- 
main composite signal representation by mapping each of 
the data- modulated wideband subcarrier signals onto a plu- 
rality of narrowband OFDM signals, as shown in the FIG. 
8 block diagram and described previously. FIG. 15 is a 
block diagram of a corre spon ding demodulator which uses 
Fast Fourier Transform (FFT) processing for simultaneous 
demodulation of the plurality of wideband subcarrier signals 
in the receiver system. Received signal 211 is first trans- 
formed to a sequence of frequency-domain coefficients by 
Fast Fourier Transform (FFT) signal generator 401 as in the 
known method of OFDM. The frequency-domain coeffi- 
cients may be optionally equalized by frequency -domain 
equalizer 403, which typically implements one complex- 
valued equalizer tap for each determined frequency-domain 
coefficient, correcting for memory-less amplitude and phase 
errors. Frequency -domain equalizer 403 is optional and may 
be implemented in place of or in addition to FIG. 9 
time-domain equalizer 209 in the receiver system. In gen- 
eral, the length of the FFT transform, Np^, is greater than 
the number of OFDM subcarrier signals, L> which together 
span about the same spectrum as the wideband subcarrier 
signals. The remaining frequency domain coefficients, out- 
side of the desired bandwidth, may be set to zero. The 
equalized sequence of frequency-domain coefficients within 
the composite subcarrier signal bandwidth are transformed 
to corresponding data-modulated coefficients for the wide- 
band subcarrier signals by upper sideband frequency-do- 
main coefficient estimator 405 and lower sideband fre- 
quency-domain coefficient estimator 407. Coefficient 
estimators 405 and 407 determine a sequence of amplitude 
modulation coefficients for each of the wideband subcarrier 
signals from the sequence of transformed frequency-domain 
coefficients through a mapping process. The mapping for 
upper sideband coefficient estimator 405 and lower sideband 
coefficient estimator 407 in FIG. 15 is the inverse of the 
matrix multiplication described for the FIG. 8 upper side- 
band coefficient generator 133 and lower sideband coeffi- 
cient generator 127. In other words, matrix multiplication 
405 multiplies the part of frequency-domain vector 404 
which corresponds to the upper sideband narrowband sub- 
carrier signals by matrix (M B OFDM ) _1 where the super- 



script _1 indicates the conventional matrix inverse. Similarly, 
matrix multiplication 407 multiplies the part of frequency- 
domain vector 404 which corresponds to the lower sideband 
narrowband subcarrier signal by matrix (M^^tom) -1 - 
Mu=b ofdm and M^^^m were defined previously. The 
matrix inverse only exists uniquely when there are equal 
numbers of wideband subcarrier signals and narrowband 
OFDM signals (i.e. matrices M USB OFDM and M^op^ are 
square). Each of the resulting wideband subcarrier coeffi- 
cients after mapping is the (cross)correlation between the 
received signal and the particular wideband subcarrier. The 
crosscorrelation values are equivalent to correlation sum 
pair X 319, Y 321 determined in the FIG. 11 demodulator 
embodiment. The upper (lower) sideband correlation sums 
are arranged in a serial sequence of upper (lower) correlation 
sum pairs 217 (219) by parallel-to-serial converter 409 
(411). Once the correlation sums are determined, the selec- 
tion bits B x 0 and phase bits B^, B* 2 may be estimated as 
shown in FIG. 12, for example. The method for demodu- 
lating wideband subcarrier signals by FFT transforming the 
received signal and mapping from a set of narrowband 
OFDM signals, which are the FFT basis signals, to a set of 
wideband subcarrier signals may be implemented for any of 
the modulation methods described previously, for example, 
selection and phase bit modulation, Gray code modulation, 
and trellis and pragmatic trellis coded modulation of 
orthogonal subcarrier signal pairs. 

[0219] The FIG. 7 embodiment of the subcarrier modu- 
lator in the transmitter system and corresponding FIGS. 
11-12 demodulation in the receiver system with selection 
and phase bit modulation for narrowband or wideband 
subcarrier signals is one of several subcarrier modulation 
and demodulation methods which may be implemented. As 
described previously, known methods for 8-ary amplitude 
and/or phase modulation (ASK and PSK) for pairs of 
orthogonal signals may be combined with a rate 2 h ECC 
code, including variations which combine modulation and 
ECC considerations together, for example, rate 2 h 8-ary PSK 
trellis-coded modulation (TMC) as described by Ungerbo- 
eck [reference: G. Ungerboeck, ibid.], rate 2 A 8-ary PSK 
pragmatic TCM [reference: A. J. Viterbi, J. K. Wolf, E. 
Zehavi, and R. Padovani, "A pragmatic approach to trellis- 
coded modulation/' ibid.; see also the Q1875 integrated 
circuit technical data sheet from Qualcomm Incorporated, 
VLSI Products, San Diego, Calif.], and variations and 
improvements thereof [reference: N. Sehadri and C. E. W. 
Sundberg, "Multilevel trellis coded modulations for the 
Rayleigh fading channel/YEEE Transactions on Communi- 
cations, Vol, 40, No. 9, pp. 1300-1310, September 1993] 
[reference: J. Wu and S. Lin, "Multilevel trellis MPSK 
modulation codes for the Rayleigh fading channel/7£E£ 
Transactions on Communications, Vol. 41, No. 9, pp. 1311- 
1318, September 1993]. Other suitable modulation methods 
which make use of biorthogonal signaling with a source bit 
rate throughput (after ECC decoding) of about 2 bits/sec/Hz 
are described by Saha [reference: U.S. Pat. No. 4,730,344 to 
Sana, and D. Saha, "Channel coding with quadrature - 
quadrature phase-shift keying (Q 2 PSK) signals/7E££ 
Transactions on Communications, Vol. 38, No. 4, pp. 409- 
417, April 1990]. However, the method described by Saha 
requires further data-shaping of the subcarrier signals. 

[0220] In certain embodiments of the invention, the base- 
band or intermediate sample-frequency, which is the recip- 
rocal of the sample-time At, of the 1BOC DAB signal for 
digital implementations of the signals in the transmitter and 
receiver systems is about an integer multiple of the channel 
allocation separation and greater than the Nyquist sampling 
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frequency for the IBOC DAB signal. The sample- frequency 
is the clock for analog-to-digital converters) 203 in the 
receiver system. When the complex-valued time-domain 
representation sample-frequency is about 800 kHz (which is 
equivalent to a real-valued time-domain IF representation at 
400 kHz and a sample-frequency of about 1.6 MHz), the 
approximate integer ratio between the sample -frequency and 
the analog FM-band channel allocation separation, which is 
200 kHz in the United States, causes frequency-domain 
"aliases" (also known as "images") due to residual spectrum 
components of second-adjacent analog FM-band interfer- 
ence sources, which may remain after bandpass filtering in 
the receiver, to overlap in frequency with the co-channel and 
on-channel analog FM-band interference sources. When the 
sample-frequency is arbitrarily chosen, without consider- 
ation of the analog FM-band channel separation, then in 
certain circumstances, the analog FM-band alias frequency 
components may overlap in frequency with the received 
IBOC DAB signal in the sampled-time domain representa- 
tion of the RF signal in the receiver system by a significant 
amount, which is undesirable since frequency-specific band- 
pass filtering is ineffective in mitigating interference due to 
overlapping spectrum. 

[0221] Once given the above disclosure, therefore, various 
other modifications, features or improvements will become 
apparent to the skilled artisan. Such other features, modifi- 
cations, and improvements are thus considered a part of this 
invention, the scope of which is to be determined by the 
following claims: 

I claim: 

1. An in-band on-channel (IBOC) digital broadcast 
receiver comprising: 

receiving means for receiving an IBOC digital signal with 
source bit information which is duplicated by redun- 
dant modulation of signals in both upper and lower 
sidebands of a predetermined radio frequency (RF) 
mask; 

demodulation means for demodulating the received IBOC 
signals in both the upper and lower sidebands; 

determination means for determining whether the 
demodulated redundant source bit information in the 
upper sideband or the lower sideband is less likely to be 
erroneous; and 

selection means for selecting the demodulated source bit 
information determined by said determination means as 
less likely to be erroneous without requiring prior 
knowledge as to which sideband is less likely to be 
deleteriously affected. 

2. The IBOC receiver of claim 1, wherein said receiving 
means is further for receiving within said mask an analog 
FM signal in a central region of said mask about a center 
frequency, said analog FM signal and at least one of said 
redundant IBOC signals in said upper and lower sidebands 
being received simultaneously. 

3. The IBOC receiver of claim 1, further including pro- 
cessing means for processing the demodulated and selected 
source bit information and forwarding same to a user. 

4. The IBOC receiver of claim 1, further comprising 
means for combining demodulated information generated 
prior to combined source bit information determination, 
from both the upper and lower sidebands when said deter- 
mination means determines that the likelihood of error in the 



demodulated or recovered source bit information in the 
upper and lower sidebands is substantially equal. 

5. The IBOC receiver of claim 1, further comprising upper 
and lower sideband demodulators and a time diversity delay 
means, wherein said diversity delay means is located prior 
to said determination means, said delay means compensat- 
ing for a corresponding delay in an IBOC transmitter 
thereby rendering the receiver robust against certain delete- 
rious events which may affect both the upper and lower 
sideband signals at substantially the same time. 

6. A method of receiving an in-band on-channel (IBOC) 
digital broadcast radio frequency (RF) signal via a receiver 
comprising the steps of: 

receiving the IBOC digital signal having redundant source 
bit information in both an upper and a lower sideband 
relative to a center frequency; 

determining, in the receiver, whether the source bit infor- 
mation in the redundantly modulated upper sideband or 
the lower sideband is less likely to contain source bit 
errors; and 

selecting, in the receiver, the source bit information 
determined in said determining step to be less likely to 
contain errors, so that the method of receiving is robust 
against adjacent channel interference. 

7. The method of claim 6, wherein said receiving step 
further includes receiving an analog FM signal located 
between said upper and lower sidebands together with said 
redundant IBOC signals in the upper aud lower sidebands. 

8. The method of claim 7, further comprising the step of 
separating the received analog FM signal from the IBOC 
digital signals and thereafter separately demodulating said 
IBOC signals and said analog FM signal; 

wherein said upper and lower sidebands include duplicate 
source bit information as the redundancy; and 

wherein the duplicate source bit information transmitted 
in the upper sideband is received at a different point in 
time than the corresponding duplicate source bit infor- 
mation transmitted in the lower sideband so that the 
system is robust against deleterious effects which may 
affect both sidebands at once. 

9. The method of claim 6, further comprising the step of 
time delaying demodulated information prior to source bit 
determination of at least one of the received IBOC upper and 
lower sideband signals in the receiver so as to compensate 
for a corresponding delay in an IBOC digital signal trans- 
mitter thereby rendering the receiver robust against certain 
deleterious effects which may affect both sideband signals at 
once. 

10. The method of claim 6, wherein the source bit 
information in both the upper and lower sidebands is com- 
pletely redundant and includes ancillary data. 

11. An in-band on-channel (IBOC) digital audio broadcast 
(DAB) communication system including a transmitter and at 
least one receiver, the IBOC DAB system comprising: 

a transmitter including an analog FM signal generator, an 
upper sideband digital signal generator, and a lower 
sideband digital signal generator, said transmitter for 
combining an analog FM signal generated by said FM 
signal generator together with digital sideband signals 
from said upper and lower sideband generators into a 
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composite signal to be transmitted wherein said side- 
band signals each include source bit information; 

means for transmitting said composite signal; 

an IBOC DAB receiver for receiving said composite 
signal, said receiver including an FM analog demodu- 
lator, an upper sideband digital demodulator, and a 
lower sideband digital demodulator; 

said receiver further including a comparing device for 
determining which of (i) recovered source bit informa- 
tion from demodulation of the upper sideband IBOC 
DAB signal, and (ii) recovered source bit information 
from demodulation of the lower sideband IBOC DAB 
signal, is less likely to be erroneous; and 

said receiver further including a selector for selecting for 
further processing and forwarding to a user the 
demodulated or recovered source bit information from 
sideband signals determined by said comparing device 
to be less likely to include source bit errors. 

12. The system of claim 11, wherein said transmitter 
includes a time delay device for delaying the source bit 
information in one of the upper and lower sidebands, and 
said receiver includes a corresponding time delay device for 
delaying source bit information in the other of the upper and 
lower sidebands, so that the system is robust against unex- 
pected deleterious effects which may affect the upper and 
lower sideband signals at once. 

13. The system of claim 11, wherein said transmitter 
transmits redundant source bit information in said upper and 
lower sidebands and wherein the upper and lower sideband 
signals representing the redundant source bit information 
may or may not be identical although the information therein 
is redundant. 

14. The system of claim 11, wherein each of the upper and 
lower sideband signals includes a plurality of orthogonal or 
approximately orthogonal subcarrier signals. 

15. The system of claim 14, wherein the subcarrier signals 
in each of the upper and lower sidebands are modulated, in 
said transmitter, as pairs with m-ary pragmatic trellis coded 
modulation (PTCM) where each transmitted codeword has a 
finite-length and is terminated at a predetermined state. 

16. The IBOC receiver of claim 1, wherein said determi- 
nation means compares accumulated branch metrics at a 
codeword terminating state from Viterbi decoding of code- 
word estimates determined from demodulation of the upper 
and the lower sideband signals. 

17. The IBOC receiver of claim 1, wherein said determi- 
nation means compares a Hamming distance between code- 
word estimates determined from demodulation of the upper 
and lower sideband signals and corresponding re-encoded 
decoded codewords. 

18. The system of claim 11, wherein said comparing 
device further decides whether to (i) select recovered source 
bit information from demodulation of one of the upper and 
lower sideband signals or to (ii) combine information deter- 
mined from demodulation of the upper and lower sideband 
signals and recover source bit information from the com- 
bined information. 

19. A method of receiving a digitally modulated signal 
comprising the steps of: 

receiving the digitally modulated signal which has source 
bit information duplicated in redundant modulation of 



signals in both an upper and lower sideband relative to 
a predetermined center frequency; 

demodulating the received signals from both the upper 
and lower sidebands; 

determining which of demodulated recovered source bit 
information from demodulation of one of the upper and 
lower sideband signals is less likely to be erroneous; 
and 

selecting the sideband information from one of the 
demodulated upper or lower sideband signals, which- 
ever was determined in said determining step as less 
likely to have errors in the demodulated or recovered 
source bit information. 

20. The method of claim 19 wherein said receiving step 
further includes receiving the redundantly modulated upper 
sideband signals at a different time than the corresponding 
modulated lower sideband signals whereby the method is 
robust against certain deleterious effects which may affect 
both sideband signals at once. 

21. A method of transmitting an IBOC DAB radio fre- 
quency (RF) signal in an IBOC DAB RF communication 
system which is robust to certain deleterious effects, the 
method comprising the steps of: 

providing a source message which is to be transmitted to 
a corresponding receiver; 

using the source message to generate codewords which 
are used to redundantly data-modulate a set of subcar- 
rier signals in an upper sideband and a lower sideband 
of a predetermined RF mask over a plurality of baud 
intervals so that the resulting sideband signals include 
redundant source bit information thus providing fre- 
quency diversity; 

time-delaying the codewords for one of the modulated 
upper and lower sideband signals relative to the corre- 
sponding codewords for the modulation of the other 
sideband in order to create time diversity in the upper 
and lower sidebands; 

generating an analog FM-band signal to be transmitted; 
and 

transmitting, via an antenna, the analog FM-band signal 
and said redundant sideband signals to an IBOC DAB 
receiver. 

22. The IBOC receiver of claim 1, including only one 
antenna, and wherein the upper and lower sideband signals 
representing the redundant source bit information are one of: 
(i) identical modulated upper and lower sideband RF sig- 
nals; and (ii) differently modulated upper and lower side- 
band signals representing substantially the same source bit 
information. 

23. The method of claim 6, wherein said determining step 
determines to combine demodulator information from the 
upper and lower sideband signals when it is determined that 
the likelihood of error in the demodulated or recovered 
source bit information from the upper and lower sideband 
signals is approximately equal, and thereafter combining the 
demodulator information from the upper and lower sideband 
signals to recover source bits. 

***** 
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